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1
SYSTEM FOR MODIFYING AN ACOUSTIC
SPACE WITH AUDIO SOURCE CONTENT

PRIORITY CLAIM

This application is continuation of U.S. patent application
Ser. No. 12/054,388 filed Mar. 25, 2008, entitled “System for
Modifying an Acoustic Space with Audio Source Content,”
which is a continuation-in-part of U.S. patent application Ser.
No. 11/533,707 filed Sep. 20, 2006 entitled “System for
Extracting and Changing the Reverberant Content of an Input
Signal,” both of which are incorporated by reference.

BACKGROUND OF THE INVENTION

1. Technical Field

This invention relates to processing of audio source con-
tent, and more specifically to processing audio source content
to modify acoustic characteristics of an acoustic space in
which the audio source content drives loudspeakers.

2. Related Art

Audio source content can be any form of sound, such as a
voice or music. Audio source content can be received and
converted to electrical signals with any device sensitive to
sound waves, such as a microphone. Audio systems can be
used to amplify, adjust and transport electrical signals repre-
sentative of received audio source content. Audio source con-
tent can be reproduced with a transducer, such as a loud-
speaker, that converts the electrical signals to sound waves.

In general, audio source content is available in the form of
either a live performance or a pre-recorded performance.
With either recorded performances or live performances, the
audio source content inherently includes acoustic character-
istics related to the conditions and environment in which the
sound was produced during the performance. Such acoustic
characteristics include a level of reverberation caused by the
acoustic space in which the sound was originally produced.
The audio source content may also include a level of rever-
beration produced by electronic means. When such perfor-
mances are re-produced in another acoustic space, the acous-
tic characteristics may be significantly altered by the
conditions and environment in which the sound is being
reproduced. In addition, when sound is created in an acoustic
space or reproduced in an acoustic space, the acoustical char-
acteristics of the acoustic space may have an undesirable
effect on the sound.

It is often not convenient or impossible to measure the
acoustic characteristics of an acoustic space in order to rep-
licate sound previously generated in the acoustic space. For
example, an audio recording of a singer in a concert hall
includes acoustic characteristics of that particular concert hall
however; access to the concert hall to measure the acoustic
characteristics may be difficult. In addition, even with access
to the concert hall, replication of the acoustic conditions at the
time of the recording (e.g. location of the singer and the
microphone, presence of an audience, ambient conditions,
etc.) could be quite difficult. Therefore, a need exists to be
able to modify an acoustic space with an audio signal so that
production or reproduction of the audio signal in the acoustic
space imparts desirable acoustic characteristics to the acous-
tic space or replicates sound production in another acoustic
space.

SUMMARY

An audio signal processing system includes a decompose
module and a reverberation generator module. The decom-
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2

pose module is configured to decompose an audio signal into
adry audio signal component and a reverberation audio signal
component. Decomposition of the audio signal may be based
on an estimated impulse response derived from the audio
signal or from a predetermined estimated impulse response.
The reverberation generator module is configured to combine
the dry audio signal component with a modified reverberation
component or an artificial reverberation component. The
modified reverberation component may be based on the rever-
beration audio signal component from the audio signal. The
artificial reverberation component may be generated with the
reverberation generator module.

The combination of the dry audio signal component with
the modified or artificial reverberation component may be
used to produce reverberation-adjusted frequency spectraina
processed audio signal. The processed audio signal can be
used to drive loudspeakers in an acoustic space. Use of the
modified or artificial reverberation component instead of the
reverberation audio signal component may provide modifi-
cation of listener perceived acoustic characteristics of the
acoustic space. Thus, the acoustic space may be acoustically
modified with the processed audio signal to take on different
perceived acoustical characteristics than the acoustic space
would otherwise possess. For example, when the audio signal
is a pre-recorded audio signal, the acoustic space could be
modified with the processed audio signal to simulate the
acoustic space in which the audio signal was recorded. In
other examples, the acoustic space could be perceptually
modified with the processed audio signal to take on any other
desired acoustic related characteristics.

The audio signal processing system may also include a
microphone processor module configured to receive one or
more microphone input signals from one or more micro-
phones included in an acoustic space. The microphone input
signals may be separated into a dry signal component and a
reverberation signal component. In addition, an estimated
impulse response of the microphone input signals may be
determined. The reverberation signal component of the
microphone input signals may be modified with the audio
signal processing system. In addition, an artificial reverbera-
tion component may be generated with the audio signal pro-
cessing system. The dry signal component of the microphone
input signal may be combined with the modified reverbera-
tion signal component of the microphone input signals or the
artificial reverberation component to provide reverberation-
adjusted frequency spectra in a processed audio signal. The
processed audio signal may modify the acoustical character-
istics of an acoustic space to achieve desired acoustical char-
acteristics, such as improved speech intelligibility.

The audio processing system may also dynamically control
the reverberation-adjusted frequency spectra in a processed
audio signal to modify an acoustic space to take on desired
acoustical characteristics. The estimated impulse response of
the microphone input signal received by the microphone pro-
cessor module may be used as a feedback signal. The audio
signal processing system may dynamically modify a rever-
beration signal component prior to combination with a dry
signal component in order to modify the acoustic character-
istics of the acoustic space until the estimated impulse
response derived from the microphone input signals substan-
tially match a target impulse response, such as an estimated
impulse response of an input audio signal.

Accordingly, an acoustic space may be dynamically modi-
fied with the audio signal processing system to take on the
acoustical characteristics of another acoustic space. In addi-
tion, the acoustic space may maintain the acoustical charac-
teristics of the other acoustic space as conditions affecting the
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acoustical characteristics of the acoustic space change. In
addition, equalization in a reverberation-adjusted frequency
spectra may be similarly controlled using the microphone
input signal as a feedback signal and controlling the equal-
ization of the reverberation-adjusted frequency spectra to
match a target equalization.

Other systems, methods, features and advantages of the
invention will be, or will become, apparent to one with skill in
the art upon examination of the following figures and detailed
description. It is intended that all such additional systems,
methods, features and advantages be included within this
description, be within the scope of the invention, and be
protected by the following claims.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention may be better understood with reference to
the following drawings and description. The components in
the figures are not necessarily to scale, emphasis instead
being placed upon illustrating the principles of the invention.
Moreover, in the figures, like referenced numerals designate
corresponding parts throughout the different views.

FIG. 1 depicts an example of a reverberant room with a
sound source, a receiving microphone and an audio signal
processing system.

FIG. 2 depicts the components of an example impulse
response with representation of block-based decomposition.

FIG. 3 illustrates a schematic diagram of the functionality
of an example signal processor included in the audio signal
processing system of FIG. 1.

FIG. 4 depicts block-based convolution in the time domain.

FIG. 5 depicts block-based convolution in the frequency
domain.

FIG. 6 depicts frequency domain block-based decomposi-
tion of a signal into dry and reverberant components.

FIG. 7 depicts the frequency domain block-based convo-
Iution operation of a Recompose Processor module included
in the audio signal processing system.

FIG. 8 depicts an example of the audio signal processing
system creating a multichannel output signal from a stereo
input signal.

FIG. 9 depicts a schematic diagram of functionality of the
example signal processor included in the audio signal pro-
cessing system of FIG. 1.

FIG. 10 depicts a schematic diagram of functionality of the
example signal processor included in the audio signal pro-
cessing system of FIG. 1.

FIG. 11 depicts a schematic diagram of functionality of the
example signal processor included in the audio signal pro-
cessing system of FIG. 1.

FIG. 12 is a process flow diagram illustrating operation of
the audio signal processing system of FIGS. 1-11.

FIG. 13 is a second part of the process flow diagram FIG.
12.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

The present invention provides a system for altering the
reverberant component of a signal. This is accomplished gen-
erally by first obtaining a perceptually relevant estimate of the
frequency-domain representation of the impulse response of
the underlying reverberant system. Using this estimate of the
impulse response, the signal may be processed so as to extract
the reverberant component of the signal, thus obtaining an
estimate of the dry signal and an estimate of the reverberant
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signal. In some examples, further processing may be applied
to the dry signal and the reverberant signal.

The impulse response of an acoustic space may provide a
complete description of the reverberant system. Using the
example of a singer in a concert hall, the reverberant system
(in this case, the concert hall) can be completely described by
the impulse response between the singer and the recording
microphone. Various acoustic spaces (e.g. a concert hall ver-
sus a bathroom) can have very different perceived reverberant
conditions. These differences may be described by the difter-
ences in the impulse responses of the various acoustic spaces.

The impulse response of a reverberant system can be better
understood by considering FIG. 1 which shows an example of
a sound source s(t) 1 in an acoustic space, such as a reverber-
ant room 2, with a recording microphone 3 and an audio
signal processing system 10. If the sound source 1 consists of
an impulsive sound, then what is recorded at the microphone
3 will be the impulse response of the reverberant system
between the sound source and the microphone 3. The impulse
response includes the direct sound component 4, which is the
first sound to reach the microphone 3 since it has the shortest
distance between the sound source 1 and the microphone 3.

Following the direct sound component will be a series of
reflected sounds (reflections) as shown by the dotted lines in
FIG. 1. The time-of-arrival and the amplitude of the reflec-
tions determine the characteristics of the reverberant system.
The reflections that arrive after the direct sound component
make up the reverberant component. Therefore, one effect of
the reverberant system is to add reverberation to the original
dry signal. That is, the reverberation adds energy to the origi-
nal dry signal. Mathematically, this is represented as m(t)=s
(t)+1(t), where r(t) is the reverberant signal component that
results from the signal s(t) passing through the reverberant
system described by the impulse response h(t).

An example of an impulse response is given in FIG. 2. The
first vertical line represents a direct sound component 4 while
the remaining lines represent reflections. The height of each
line indicates its amplitude and its location on the time axis (t)
indicates its time-of-arrival at a sound measurement device,
such as the microphone 3. As time goes on, the number of
reflections increases to the point where itis no longer possible
to identify individual reflections. Eventually the reflections
evolve into a diffuse exponentially decaying system. This is
typically referred to as the reverberant tail 11 of the impulse
response.

The so-called early reflections 12 arrive soon after the
direct sound component 4 and have a different perceptual
effect than the reverberant tail. These early reflections pro-
vide perceptual cues regarding the size of the acoustic space
2 and the distance between the source 1 and the microphone
3. The early reflections 12 are also important in that they can
provide improved clarity and intelligibility to a sound. The
reverberant tail also provides perceptual cues regarding the
acoustic space. It is common to divide an impulse response of
an acoustic space into three conceptual parts—the direct
sound 4, the early reflections 12, and the reverberant tail 11.

An acoustic space does not have a single impulse response.
In the example of FIG. 1 there is an impulse response for the
reverberant room 2 when the sound source 1 is located at a
particular location and the microphone 3 is located at a pre-
determined location. If either the sound source 1 or micro-
phone 2 is moved (even by a small amount) then a different
impulse response is produced. Therefore, for any given
acoustic space there are effectively an infinite number of
possible impulse responses since there are effectively an infi-
nite number of possible combinations of locations of the
sound source 1 and the microphone 3.
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An impulse response can also be viewed in the frequency
domain by calculating its Fourier transform (or some other
transform), and so a reverberant system can be described
completely in terms of its frequency domain representation
H(w). The variable w indicates frequency. The Fourier repre-
sentation of the impulse response provides both a magnitude
response and a phase response. Generally speaking the mag-
nitude response provides information regarding the relative
levels of the different frequency components in the impulse
response, while the phase response provides information
regarding the temporal aspects of the frequency components.
Moving the sound source 1 or the microphone 3 from one
location in the reverberant room 2 to a nearby location may
not have much effect on the magnitude response, whereas it
may have a quite dramatic effect on the phase response. That
is, nearby impulse responses in an acoustic space tend to have
similar magnitude responses, but can have very different
phase responses.

Humans are not particularly sensitive to the differences in
the impulse responses within a given acoustic space. For
example, as we move around in an acoustic space while
listening to someone talk we do not tend to hear dramatic
changes in the sound of that person’s voice even though the
impulse response is changing continuously as we move. The
reason that we do not hear dramatic differences is because the
ear is primarily sensitive to the gross features of an impulse
response and is not sensitive to the fine detail. More specifi-
cally, the ear is far less sensitive to changes in the phase
response as compared to changes in the magnitude response
of'an impulse response. In general, the ear is quite insensitive
to phase over short time periods (D. L. Wang and J. S. Lim,
“The unimportance of phase in speech enhancement,” IEEE
Trans. Acoust. Speech, Signal Processing, vol. ASSP-30, no.
4, pp. 679-681, August 1982). As noted above, the various
impulse responses in an acoustic space tend to have similar
magnitude responses, but can have very different phase
responses.

During operation of the audio signal processing system 10,
afrequency domain estimate of the estimate of the magnitude
of'the reverberant energy in the input signal may be produced.
This estimate of the magnitude of the reverberant energy is
subtracted from the input signal, thus providing an estimate of
the magnitude of the input signal. The phase of the reverber-
ant input signal is used to approximate the phase of an original
dry signal. As used herein, the term “dry signal,” “dry signal
component,” “dry audio signal component,” or “direct signal
component” refers to an audio signal or a portion of an audio
signal having almost no reverberant energy present in the
audio signal. Thus the original dry signal 1 may have almost
no reverberant energy since it consists almost entirely of the
direct sound impulse 4 (FIG. 2). As used herein, the terms
“reverberant energy,” “reverberant input signal,” “reverberant
component,” “reverberant signal component,” “reverberation
component,” or “reverberation signal component” refer to the
early reflections, and the reverberant tail of an audio signal. In
addition, with respect to reverberation, as used herein, the
term “component” or “components” refer to one or more
components.

If the phase of the reverberant input signal is used to
approximate the phase of an original dry signal using the
entire impulse response as a whole, then it is likely that severe
time-domain artifacts would be audible in the processed sig-
nal. Therefore, the audio signal processing system 10 is con-
figured to divide the estimate of the overall impulse response
into short blocks, and processing is performed in a block-
based manner. The pre-determined length of the blocks is
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short enough that the human ear does not perceive any time-
domain artifacts due to errors in the phase of the processed
output signals.

In FIG. 1, the example audio signal processing system 10
includes at least a signal processor 5, a memory 7, a user
interface 8, and an input/output (I/0) module 9. Examples of
audio signal processing systems include a head unit in a
vehicle, an audio amplifier, a consumer audio receiver, a
processor for a recording studio, a computer, a game console
such as an Xbox, a DVD player, a video player, a television,
a processor for a practice booth or a concert hall, a karaoke
controller or any other device or system capable of processing
audio signals. In other example audio systems, additional
components, such as audio source devices, may be depicted
as included in the audio signal processing system 10. Audio
source devices may include a radio tuner, a compact disc
player, a mobile telephone, a navigation system, an MP3
player, or any other system or device capable of generating
electronic audio signals representative of audio information.

The signal processor 5 may be any form oflogic processing
device or devices, analog or digital, capable of executing
instructions or code. Example signal processors include a
digital signal processor (DSP) and a micro processor. The
memory 7 may be any form of data storage mechanism acces-
sible by the signal processor 5 or any combination of such
forms, such as, a magnetic media, an optical disk, a random
access memory (RAM), flash memory, and/or electrically
erasable programmable read-only memory (EEPROM).

The user interface 8 may include any visual, audible and/or
tactile mechanism that allows a user to provide and receive
information from the audio signal processing system 10. For
example, the user interface 8 may include a display that
converts electrical signals into information presented to the
user in some visually perceivable form. Some examples of a
display include a liquid crystal display (“LLCD”), a cathode-
ray tube (“CRT”) display, an electroluminescent display
(“ELD”), a heads-up display (“HUD”), a plasma display
panel (“PDP”), or a vacuum fluorescent display (“VFD”).
The user interface 8 may receive electrical signals from, and
provide electrical signals to the signal processor 5 that are
representative of interaction of the user with the audio signal
processing system 10. In one example, the user interface 8
may include a user input device that is electrically connected
to the signal processor 10. The input device may be a wheel
button, a joystick, a keypad, a touch-screen configuration or
any other device or mechanism capable of receiving an input
from a user and providing such an input as an input signal to
the signal processor 5. In another example, the display may be
a touch-screen display that transmits signals to the signal
processor 5, or any other module or device included in the
audio signal processing system 10. Information such as the
area on the display that was touched by the user, the length of
time the user touched the display, the direction the user moves
his finger against the display, etc., may be conveyed as dif-
ferent signal inputs to the audio signal processing system 10.

The user interface 8 may also include a voice-based inter-
face that allows the user to audibly interact with audio signal
processing system 10. The voice-based interface may allow a
user to provide input to the audio signal processing system 10
using a microphone and voice recognition software. The
user’s speech may be converted to electronic signals using the
microphone and processed using the voice recognition soft-
ware to generate text data for the signal processor 5.

The memory 7 may include computer code. The computer
code may be in the form of logic and/or instructions that are
executable by the signal processor 5. Execution of the instruc-
tions by the signal processor 5 may provide the functionality
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of the audio signal processing system 10. The memory may
also provide for storage of audio related data, user settings
and any other information related to the operation of the audio
signal processing system 10. Audio related data may include
predetermined acoustic characteristics; predetermined
attributes of an acoustic space; amplifier, microphone and
loudspeaker response and calibration data; data related to a
level and characteristics of noise in an acoustic space; and/or
any other parameters related to processing audio source con-
tent.

The I/O module 9 may include hardware and or software
capable of receiving and outputting analog and/or digital
signals. The I/O module 9 may include converters, such as
analog-to-digital (A/D) and digital-to-analog (A/D) (D/A)
converters, filters, or any other signal conditioning or conver-
sion mechanism. In general, the signal processor 5 executes
code to operate on the input signal m(t) 3 and decompose it
into different components 6. These components may consist
of an estimate §(t) of the original dry signal s(t) 1 and an
estimate ¥(t) of the reverberant component r(t). The estimate
(t) of the reverberant component may be further decomposed
into sub-components representing estimates 7, (t), £5(t), . . .,
¥x(1), of the different parts of the reverberant signal. The
signal processor 5 may also modify any or all of the dry and
reverberant signal component estimates. The signal processor
5 may operate on input signal m(t) 3 in the frequency domain.

FIG. 3 illustrates an example of the functionality of the
signal processor 5 during execution of the code stored in the
memory 7. The functionality available when the correspond-
ing code is executed may be in the form of modules execut-
able with the signal processor 5. In FIG. 3, modules execut-
able with the signal processor 5 include a windowing function
21, atime-to-frequency domain processor 22, and an impulse
response estimator 24.

The input signal m(t) 3 may be converted to a frequency
domain representation by applying the windowing function
21, such as an overlapping analysis window to a block of time
samples. The time-to-frequency domain processor 22 pro-
duces an input spectrum in response to input time samples. To
achieve time-to-frequency domain conversion, the time-to-
frequency domain processor may execute a transform, such
as a Discrete Fourier Transform (DFT), wavelet transform, or
other transform, or may be replaced by or may implement an
analysis filter bank. In other examples, the input signal m(t)
may not be derived from a microphone 3 as depicted in FIG.
1. The audio signal processing system 10 system can operate
on any audio signal regardless of how it was produced.

The Impulse Response Estimator 24 may operate on the
frequency domain representation of the input signal M(w) 25
to produce a perceptually relevant estimate Fl(w) 23 of the
frequency domain representation of the impulse response
H(w). The Impulse Response Estimator 24 may operate on
the input signal to produce a block-based estimate of the
impulse response H(w). The block-based estimate of the
impulse response may consist ofa plurality of block estimates
Hy(w), H,(w), A(w), . . . 16 which correspond to frequency
domain estimates of the blocks of the impulse response h,(t),
h, (1), h,(t), . . . 15 as shown in FIG. 2.

The functionality of the signal processor 5 may also
include modules in the form of a reverberation adjustment
processor 26, a signal modifier 28, a frequency-to-time
domain processor 30, and a windowing function 31. The
reverberation processor 26 may include a Decompose Pro-
cessor 33, a Dry Signal Modifier 36, a Reverberant Signal
Modifier 37, and a Recompose Processor 38. The reverbera-
tion adjustment processor 26 is configured to adjust fre-
quency components of the input signal spectrum M(w) in
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response to one or more frequency-domain estimates of one
or more block-based frequency-domain representations 16
(FIG. 2) of the impulse response to produce as outputs one or
more reverberation-adjusted frequency spectra 27 that
include adjusted frequency components of the input signal
spectrum M(w). The reverberation adjustment processor 26
may derive one or more reverberation-adjusted frequency
spectra 27 that will pass, amplify, or attenuate a component of
the input signal m(t) based on whether that component is part
of the original dry signal or part of the reverberant signal.

The signal modifier 28 is configured to modify and mix
frequency components of the reverberation-adjusted fre-
quency spectra 27 as well as the input signal spectrum 25 to
produce one or more output frequency spectra Z,(m)
Zy(w), ..., 2 (0)29.

The frequency-to-time domain processor 30 may be one or
more processor modules that are operable to produce output
frames of time samples z, (1), Z,(t), . . ., Z,(t) 32 in response to
the output frequency spectra. The frequency-to-time domain
processor 30 may perform the inverse function of the time-
to-frequency domain processor 22. Consequently, in each
frequency-to-time domain signal processor 5 may perform an
inverse transform, such as an Inverse Discrete Fourier Trans-
form (IDFT).

Within the reverberation processor 26, the Decompose
Processor 33 may receive and use the block-based estimate
f(w) 23 of the frequency domain representation of the
impulse response H(w) from the Impulse Response Estimator
24. The Decompose Processor 33 may operate on the fre-
quency domain representation of the input signal M(w) 25 to
produce an estimate of the original dry signal S(w) 34 and
estimates R,(w), R,(®), . . . , Rg(w) 35 of one or more
components of the reverberant signal.

The Dry Signal Modifier 36 is configured to adjust fre-
quency components of the estimate S(w) 34 of the original dry
signal to produce a modified estimate §'(w) of the original dry
signal. The Reverberant Signal Modifier 37 is configured to
independently adjust frequency components of one or more
of the estimates R, (w), R,(w), . . ., Rg(w) of the reverberant
signal components to produce modified estimates of the
reverberant signal components.

Modification of the dry signal and the reverberant signal
may be independent and unrelated. For example, a first equal-
ization (first EQ) may be applied to the direct signal compo-
nent and a separate second equalization (second EQ) may be
applied to the reverberant signal component. The first EQ
may be applied in Dry Signal Modifier 36 and the second EQ
may be applied in the Reverberant Signal Modifier 37. Fol-
lowing independent equalization, the dry and reverberant sig-
nal components may be recombined to form one or more
audio signals. The audio signals may be sent to loudspeakers.
Since the two signal components are being equalized sepa-
rately, better subjective results may be obtained.

The recompose processor 38 is configured to take the
modified estimate S'(w) of the original dry signal and the
modified estimates R,'(w), R (@), . . ., R(w) of the rever-
berant signal components and produce one or more reverbera-
tion-adjusted frequency spectra 27.

In FIG. 3, a second input signal s,(t) 40 that is a dry
component signal may be provided to the recompose proces-
sor 38 to add reverberation present in the second input signal
$,(t) 40 to the input signal m(t). The second input signal s,(t)
40 may be converted to a frequency domain representation by
applying an overlapping analysis window 41 to a block of
time samples. A time-to-frequency domain processor 42 may
produce an input spectrum in response to the input time
samples. The Recompose Processor 38 may combine the
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input signal s,(t) 40 with a reverberation component. The
characteristics of the reverberation component combined
with the input signal s,(t) 40 may be determined with the
Recompose Processor 38 by the block-based estimate of the
impulse response 23 of the input signal M(w) 25.

The performance of the audio signal processing system 10
may be improved by including one or more source models 43
with the Impulse Response Estimator 24. A source model 43
may be used to account for the physical characteristics of the
reverberant system in which the input signal M(w) 25 was
generated. For example, the response of a reverberant system
(room) tends to decay exponentially over time. Thus, esti-
mates generated with the Impulse Response Estimator 24
may be confirmed as being acceptable based on the source
model 43.

Theblock-based estimate derived by the Impulse Response
Estimator 24 can be stored in the memory 7 (FIG. 1), and
retrieved for later use with a Store Retrieve module 44. An
impulse response modifier 45 is configured to independently
adjust the frequency components of the block-based esti-
mates of the impulse response to produce modified block-
based estimates of the impulse response. In other examples,
the source model 43 and the impulse response modifier 45 can
be combined to form a combined model. In still other
examples, one or both of the source model 43 and the impulse
response modifier 45 may be omitted.

Performance of the Decompose Processor 33 may be
improved by including a source model 46 stored in the
memory 7. One goal of a source model may be to account for
the physical characteristics of the dry sound source when
deciding how much a given frequency band should be attenu-
ated or amplified. The performance of the Decompose Pro-
cessor 33 may also be improved by including a perceptual
model 47. One goal of the perceptual model 47 may be to limit
the amount by which frequency bands are modified such that,
in extracting the dry signal, an unwanted reverberant compo-
nent is only attenuated to the point where it is masked by the
dry signal. Similarly, in extracting the reverberant signal with
the Decompose Processor 33, an unwanted dry signal com-
ponent is only attenuated to the point where it is masked by
the reverberant signal. In other examples, aspects of the per-
ceptual model 47 and the source model 46 may be combined
to form a component model. In still other examples, the
source model 46 and the perceptual model 47 may be omitted.

The performance of the Recompose Processor 38 may be
improved by including a source model 48. The source model
48 may be configured to account for the physical character-
istics of the dry sound source when deciding how much a
given frequency band should be attenuated or amplified. The
performance of the Decompose Processor 38 may also be
improved by including a perceptual model 49. The perceptual
model 49 may be configured to limit the amount by which
frequency bands are modified such that, in deriving the rever-
beration-adjusted spectra 27, unwanted components of the
dry and reverberant signals may be attenuated to a predeter-
mined point, such as the point where the dry and reverberant
signals are masked by the desired signal components. In other
examples, the perceptual model 48 and the source model 49
may be combined to form a component model, or the percep-
tual model 48 and the source model 49 may be omitted. In
addition, in other examples, the source models 46, 48 and the
perceptual models 47, 49 may be combined and shared
between the decompose processor 33 and the recompose
processor 38.

The modules executable with the signal processor 5 may
also include a controller 50. The operations of the various
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modules included in the audio signal processing system 10
may be independently controlled by the controller 50.

As previously discussed, during operation, the audio signal
processing system 10 may extract a description of the percep-
tually relevant aspects of a reverberant system based on the
input signal. In addition, the audio signal processing system
10 may perform an analysis of the reverberant system. Fur-
ther, the audio signal processing system 10 may modify or
reduce the reverberant characteristics in an audio source input
signal such as a recording. In addition or alternatively, the
audio signal processing system 10 may impose reverberant
characteristics onto an audio source input signal, such as a
recorded audio signal.

Some audio recordings (film, music, television, etc.) are
monophonic. That is they were recorded onto only one audio
channel. Stereo or two channel audio recordings are typically
more pleasing since spatial aspects of the reverberant charac-
teristics of an acoustic space in which the recording was made
may be reproduced upon playback. Numerous processes have
been developed in an effort to convert monophonic record-
ings to a stereophonic format. These techniques are limited by
the fact that they process both the direct sound component and
the reverberant component together at the same time. With the
audio signal processing system 10, the direct sound compo-
nent and reverberant component of a monophonic recording
are processed separately to convert monophonic recordings to
a stereophonic format. With the audio signal processing sys-
tem 10, this is achieved by decomposing a source audio signal
into a direct sound component and a reverberant component.

Whereas a stereo system has two channels (and thus two
loudspeakers) a multichannel surround system has multiple
channels. One example of a multichannel surround system
uses five channels and hence five loudspeakers. The audio
signal processing system 10 may also be configured to receive
a mono or stereo audio signal and produce a multichannel
audio signal.

As previously discussed, the audio signal processing sys-
tem 10 decomposes the stereo (or mono) signal into its direct
sound component and its reverberant component. With the
original signal decomposed into direct and reverberant com-
ponents, the audio signal processing system 10 can create
multichannel audio signals by processing the direct sound
component through a multichannel artificial reverberation
device. Since the reverberant component has been removed,
additional reverberation provided by the artificial reverbera-
tion device does not add to the reverberant component that
was present in the original audio signal. Thus, combination of
the reverberation component from the audio signal and the
additional reverberation from the artificial reverberation
device does not occur since the reverberant component of the
audio signal has been removed. In addition, a mismatch
between the artificial reverberation and the reverberation in
the audio signal is avoided.

Alternatively or in addition, with the original signal
decomposed into direct and reverberant components, the
audio signal processing system 10 may be configured to cre-
ate multichannel audio signals by providing the direct com-
ponent to drive the front loudspeakers in order to preserve the
frontal placement of the instruments in the reproduced sound
field. In addition, the audio signal processing system 10 may
be configured to drive the rear loudspeakers with the rever-
berant component of the original signal. Alternatively, the
reverberant component may be decomposed into sub-compo-
nents and distributed across all of the loudspeakers in an
appropriate manner. This approach may advantageously cre-
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ate a multichannel signal entirely from the components of the
original recording, thus creating a more natural sounding
result.

In general, if one had a recording of a sound in a reverberant
system and one could somehow directly measure the acoustic
characteristics of that reverberant system, then it would be
possible to mathematically invert the reverberant system and
completely recover the original dry sound. This process is
known as inverse filtering. However inverse filtering cannot
be done without precise measurements of the exact acoustic
characteristics of the reverberant system. Moreover, the
resulting inverse filter is specific to that one set of acoustic
characteristics. It is not possible to use inverse filtering to
recover the original dry signal from a recording in a given
reverberant system using the acoustic characteristics mea-
sured from a different reverberant system. For example, an
inverse filter derived for one location in a acoustic space is not
valid for any other location in the same acoustic space. Other
problems with inverse filters are that they can be computa-
tionally demanding and they can impose a significant delay
onto the resulting signal. This delay may not be acceptable in
many real-time applications. The audio signal processing
system 10 achieves the benefits of inverse filtering while
overcoming the limitations that make it impractical in most
real-world applications.

The audio signal processing system 10 is also configured to
process the audio signal to compensate for acoustical charac-
teristics of an acoustic space. There are many situations where
the acoustical characteristics of an acoustic space are not
advantageous for a given application. For example, the acous-
tical characteristics of the interior of a vehicle are not typi-
cally well-suited for listening to reproduced music. Similarly,
the acoustical characteristics of the interior of a vehicle are
nottypically well-suited for speech communications between
passengers in the front and rear seats. The audio signal pro-
cessing system 10 is configured to alter or modify the acous-
tical characteristics of an acoustic space such that the result-
ing acoustical characteristics are more suitable for the given
application. Moreover, the audio signal processing system 10
is variably configurable such that the acoustical characteris-
tics of a given acoustic space can be altered to suit different
applications.

The audio signal processing system 10 may also vary the
acoustical characteristics to alter the perceived size of an
acoustic space. The acoustical characteristics of an acoustic
space provide the listener with perceptual cues regarding the
size (length, width, and height) of the space. In one example,
the audio signal processing system 10 may alter the acoustical
characteristics of a small acoustic space to make listeners
perceive that they are in a larger acoustic space. In another
example, the audio signal processing system 10 may alter the
acoustical characteristics of an acoustic space with a low
ceiling such that the perceptual effects of the low ceiling are
minimized. These alterations to the perceived acoustical char-
acteristics of an acoustic space can make it a more comfort-
able environment for the listener.

As used herein, the terms “source room” shall refer to an
acoustic space in which an audio signal is recorded (cap-
tured). In addition, the terms “playback room™ shall refer to
an acoustic space in which an audio signal is reproduced over
loudspeakers for a listener. In some instances, the source
room may be entirely artificially generated via some form of
electronic processing. Thus, any combination of acoustic or
electronically generated reverberation found in an audio sig-
nal will be considered to have been created by the source
room.
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In some situations, the same acoustic space may act as both
the source room and the playback room. For example, when
listening to music inside a vehicle, the audio signal process-
ing system 10 may alter the acoustical characteristics of the
vehicle (the playback room) to be more appropriate for music
reproduction. In addition, the audio signal processing system
10 may alter the acoustical characteristics of vehicle’s inte-
rior (source room) to be more suitable for speech intelligibil-
ity.

As previously described, there are numerous situations
where the audio signal processing system 10 may adjust the
reverberation found in an audio signal when production of an
audible signal in an acoustic space occurs. By modifying the
direct sound component and/or the reverberant sound com-
ponent of the audio signal, the audio signal processing system
10 may optimize the reverberation of an audio signal for an
acoustic space. In addition, the audio signal processing sys-
tem 10 may modify the reverberation without having to
directly measure the acoustic space in which audio source
material was recorded.

In one example the audio signal processing system 10 may
decompose an input signal in the form of audio source mate-
rial into its original dry signal component and reverberant
component. In addition, the reverberant component may be
further decomposed into multiple sub-components. This
example system can be used in numerous applications includ-
ing altering a speech or music signal to obtain the desired
reverberant characteristics, enhancing the intelligibility of a
speech signal, and creating additional audio channels from a
monophonic, stereo or multichannel input signal.

This example of the audio process system 10 is described
for the case where the audio source material input signal is
monophonic. The monophonic signal is the input signal m(t)
3 that consists of a dry sound source s(t) 1 combined with a
reverberant component r(t), where r(t) is the result of s(t)
passing through the reverberant system having an impulse
response h(t). In other examples, the input signal 3 may be a
multi-channel input signal (including a stereo input signal)
that is processed by the audio signal processing system 10.

The input signal m(t) is converted to a frequency domain
representation at 22. Conversion of the input signal m(t) may
be accomplished with any frequency to time conversion tech-
nique, such as a fast implementation of the Discrete Fourier
Transform (DFT) employed with the windowing function 21,
such as a 50% overlapping root-Hanning window. In other
examples, other frequency domain representations may be
employed, including but not limited to a discrete cosine trans-
form, or a wavelet transform. Alternatively, a filter bank may
be employed to provide a frequency domain representation.
Also, other windowing functions may be employed and the
amount of overlapping is not restricted to 50%. Zero-padding
of time samples may be used in the time-to-frequency con-
version to reduce any temporal aliasing artifacts that may
result from processing. The frequency domain representation
of the input signal is M(w) 25.

The Impulse Response Estimator 24 may operate on the
frequency domain representation of the input signal to pro-
duce a block-based estimate of the frequency domain repre-
sentation of the impulse response F(w) 23. In FIG. 2, the
impulse response h(t) is divided into B+1 blocks consisting of
hy(0), hy(t), . . ., hy(t) 15 with corresponding frequency
domain representations Hy(w), H, (), . . . , Hz(w) 16. In this
example, all the blocks are the same size, each having a length
of D. In one example, the length D may be between about 10
ms and about 80 ms. In another example, the length of D can
be between about 30 ms and about 50 ms. In still another
example, D can be about 40 ms. The Impulse Response Esti-
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mator 24 may produce a set of perceptually relevant estimates
ofHy(w), H,(m), ..., Hgz(w). Inthis example, the perceptually
relevant estimates Fl,(w), F,(w), . . ., Hy(w) are based on
estimates of the magnitudes of the impulse response blocks
Ho(w), H (w), . . ., Hg(w), respectively.

The impulse response h(t) can be approximated by a finite
impulse response (FIR) filter, provided that the filter is of
sufficient length. Therefore, the input signal m(t) can be
obtained by processing the dry signal s(t) through an FIR filter
having an impulse response equal to h(t). This filtering or
convolution operation can be equivalently implemented
using, for example, the block-based representation 15 of the
impulse response. This block-based implementation is shown
in FIG. 4.

In FIG. 4, the signal s(t) may be processed through B+1
FIR filters having impulse responses equal to hy(t),
h,(t),...,hg(t). In order to time-align the outputs of these FIR
filters, the signal s(t) may be delayed by a series of delay
elements d(t-D)17. Each delay element provides a delay of D
samples, which corresponds with the length of the block FIR
filters. Each delay element can be implemented as an FIR
filter of length D having all but the last filter tap equal to zero
and the last filter tap equal to 1. The block-based FIR filtering
operation can be described mathematically as follows,

(D) =s (@) hoO+sO =Dy hy (Dt . . . +
s(O*0(t-BD)*hp(1)

or equivalently,

B

m() = Z () % 8t — iD) % 1y ()

i=0

where * represents the convolution operation.

In FIG. 4, this mathematical description may be extended
to show the direct signal component and the reverberant com-
ponent explicitly as follows,

m(r) = s(2) = ho(r) + r(0)

B
m(r) = s(t) = ho(r) + Z s(0) #8(z — iD) * k(1)
=1

where
s(8)*ho(t)

includes the direct signal component, and

B

o) = Z $(0)#8(t — iD) (D)

i=1

is the reverberant signal component. In practice, because h,(t)
is of length D, part of the initial portion of the reverberant
signal may be in s(t)*h,(t). This is typically not a problem if
D is chosen to be sufficiently short. If D is sufficiently short,
then the portion ofthe reverberant signal within s(t)*h, (t) will
not be audible due to masking properties of the human audi-
tory system. Therefore, s(t)*h,(t) may be a perceptually rel-
evant representation of the direct signal component, while r(t)
may be a perceptually relevant representation of the reverber-
ant signal component.

Convolution in the time domain is equivalent to multipli-
cation in the frequency domain. As such, the block-based FIR
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filtering process in FIG. 4 can be alternatively performed in
the frequency domain as shown in FIG. 5. In FIG. 5, the B+1
FIR filters hy (1), h, (1), . . ., hg(t) of FIG. 4 are replaced by their
frequency domain equivalents Hqo(w), H,(w), . . ., Hz(w) 16.
The delay elements are denoted by Z~2 18, where D repre-
sents the length of the delay The frequency domain process-
ing can therefore be described as,

M(0)=S(0)Hy(0)+S(w)zPH (0)+ . .. +
S(w)z PP Hp()

or equivalently,

B
M(@)= " S(@3 ™ Hi(w)
i=0

In FIG. 5 this mathematical description may be extended to
show the direct signal component and the reverberant com-
ponent explicitly as follows,

M(w) = S(w)Ho(w) + R(w)

B
M(w) = S(@Ho(@) + " S(@)7 ™ Hy(w)
i=1

where

S(@)Ho(o)

is the frequency domain representation containing the direct
signal component, and

Rw) = ) Sz P Hiw)

B
i=1
is the frequency domain representation of the reverberant
signal component 19.

The effects of an FIR filter can be undone using an appro-
priate infinite impulse response (IIR) filter. Therefore, if the
B+1 FIR filters hy(t), h,(t), . . . , hy(t) are known, then the
original dry signal s(t) may be recovered from input signal
m(t) using an appropriate IIR filter structure. The original dry
signal can also be recovered if the frequency domain repre-
sentations Hy(w), H,(w), . .., Hg(w) 16 of the FIR filters are
known. The audio signal processing system 10 makes use of
this concept.

Inmany situations it is not possible to measure or derive the
exact values of Hy(w), H; (w), . . ., Hg(®w) 16 and thus it is not
possible to exactly recover the original dry signal s(t) from the
input signal m(t). With the audio signal processing system 10,
perceptually relevant estimates of Hy(w), H,(w), . . ., Hz(w)
16 may be used to derive an estimate of S(w). These percep-
tually relevant estimates F(w), [, (w), . . ., H4(o) are based
on estimates of the magnitudes of Hy(w), H, (w), . . . , Hz(w)
16, respectively.

In FIG. 3, the block-based estimate of the frequency
domain representation of the impulse response H(w), 23 is
provided by the Impulse Response Estimator 24 to the
Decompose Processor 33. The Decompose Processor 33 may
operate on the frequency domain representation of the input
signal M(w) 25 to produce an estimate of the direct signal
component 34 and an estimate of the reverberant components
35.
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In FIG. 6, the Decompose Processor 33 may be configured
to use the perceptually relevant filter estimates H,(w),
H,(w), ..., Hu(w)to create a block-based IIR filter structure.
The IIR filter structure may take M(w) 25 as its input and
produces an estimate of the spectrum of the direct signal
component S(w) 34 as well as an estimate of the spectrum of
the reverberant signal component R(m) 35. The process can
be described mathematically as follows,

Se)Ho(w) = M(w) - (S ? Ay (@) + ... + S(w) P Ap(w))

M) = (Sx P Hi) + ... + S PP Hy(w)

S(w) —
Ho(w)

For a given block of the input signal My(w), M(w) consists
of the current block of the dry signal component convolved
with Hy(w), plus the previous block of the dry signal compo-
nent convolved with H,(w), and so on for the B previous
blocks of the dry signal component. A subscript may be used
to indicate the block ofthe dry signal component, and so S,(w)
represents the frequency domain representation of the previ-
ous ith block of the dry signal component. Given this, the
operation of the Decompose Processor 33 can be described
mathematically as,

Solw)Ho(w) = Mo(w) — (S| (@)H (@) + ... + Sp(w)Hp(w))

_ Mo(@) = [(S1(@)H (@) + ... + Sp(0)Hp())

Solw) —
Ho(w)

where gi(go) is an estimate of the true value of S,(w). In this
example Hy(w) is assumed to be equal 1, thus giving,

So(w):Mo(w)_(Sl(w)Hl(w)*' s +SB((D)I:IB((D))

Therefore, an estimate ofthe current block of the dry signal
component 34 may be obtained from the estimates of previ-
ous blocks of the dry signal component 34, as well as the
block-based estimates of the impulse response of the rever-
berant system in which the audio source material was created.
Where (8, (@), ()+ . . . +8,(w)H(w)) of the above equa-
tion is an estimate of the reverberant signal component 35.
That is,

Ro(@)=8,(0)H,(0)+. . . +Sp(a)Hz(w)

In this example the overall reverberant signal component
may be divided into K reverberant sub-components R, ,(m),
Rp (@), .. ., Rp x(w) as Tollows,

Rok(w)zp1,k(03)51(03)1:11(03)+ ces +PB,k(03)§B(03)I:IB(03)

Where p, (0) [i=0, . .., Band k=1, . . ., K] are frequency-
dependent gain vectors that allow the overall reverberant
signal component to be selectively divided across time and
frequency. Thus, portions of the reverberant signal that result
from the dry signal component being convolved by specific
parts of the impulse response may be selectively extracted
with the Decompose Processor 33. For example, the rever-
berant signal component due to the early reflections 12 (FIG.
2) could be extracted separately from the components due to
the reverberant tail 11 (FIG. 2). Similarly, different parts of
the early reflections and/or the reverberant tail may be
extracted separately. Moreover, the values of p, ,(w) may be
chosen to selectively separate the low and high frequencies of
different components of the reverberant signal.
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Theblock-based impulse response may be estimated by the
magnitude of the frequency domain representations of the
B+1 blocks. Therefore, the above equations can be modified
as follows,

1S6(@) P=1Mo(0) P- (1S (@) PIH () P+ . . . +ISz(w)
RIHg()?)

IRo(@)P=1S () P1H () P+ . . . +I185(0)PIHp(w)?

1Ro(0)1P=p, (@)1, (@)PIH, (@)P+. . . +pp ()55
(0)PIHg(w)?

The phase of the input signal M,(m) may be used as the phase
response for S, (o) as well as for Ry ;(w), Ro,(w), . . .,

R, ).
The Decompose Processor 33 may be configured to apply
different gain vectors to the input signal M(w),

So(w) = Gs(w)Mo(w)

Ro,1 (@) = Gg, (0)Mo(w)
Rop(w) = Gr, (0)Mo(w)
Rox(w) = Gy (w)Mo(w)

The gain vector for the dry signal component is derived by,

Gs(w) = So(w) | Mo ()

Mo - (S1@) )@ + ... + [ |[fs@))
Gs(w) = 7
Mol
MinGain(w);
Gs(w);

Gs(w) < MinGain(w)

otherwise

Gs(w) = {

where the frequency dependent parameter MinGain(w) pre-
vents Gg¢(w) from falling below some desired value.

The gain vector may be a vector of real values and thus it
may only affect the magnitude of M, (w). As aresult S (w) has
the same phase response as My(w). The gain vectors for the
reverberant signal components may be found in similar fash-
ion.

The values of the gain vectors Gg(w), Gz (), . . ., Gz (®)
may be further refined by employing a Perceptual Model 47
and a Source Model 46. The Perceptual Model 47 may
account for the masking properties of the human auditory
system, while the Source Model 46 may account for the
physical characteristics of sound sources, such as a harmonic
structure of a violin. In one example, the two models may be
combined and provide a smoothing of the gain vectors G(w),
Gy, (w), ..., Gg (w) over time and frequency. The smoothing
over time is achieved as follows,

Gt (0)=(1-Y(0)) G501 (0)+7(0) Gso(@)

Gy (@)=(1-Y(@)) G, o (0)+1(®) Gr (@)

Gy o) = (1 = 7(©))- Gy o1 (@) + ¥(@) - Gryele)

Gy (@) = (L =H(@)) Gr o1 () +¥(0) Gr,r()
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where T indicates the current time frame of the process. y(m)
determines for each frequency band the amount of smoothing
that is applied to the gain vectors Gs(w), Gz (m), . . ., Gg,(w)
over time. Different values of y(w) can be used for each gain
vector. In addition, the values of y(w) can vary with frequency.
The values of y(w) may also change over time and may be
dependent upon the input signal, or upon the values of the
gain vectors.

The simultaneous masking properties of the human audi-
tory system can be viewed as a form of smoothing or spread-
ing of energy over frequency. In one example, the simulta-
neous masking may be computed as follows,

Maskingg(w) = spreadl(w)- G/s,r(w) + spread2(w) -Maskingg(w — 1)
MaskingRl (w) = spreadl(w) - leyr(w) + spread2(w)- MaskingRl (w-1)

MaskingR2 (w) = spreadl(w) - szyr((u) + spread2(w)- MaskingR2 (w-1)

MaskingRK (w) = spreadl(w) - G;e,(,r(w) + spread2(w) -MaskingRK (w-1)

The variables spreadl(w) and spread2(w) determine the
amount of simultaneous masking across frequency. In this
example, spread1(w) and spread2(w) are designed to account
for the fact that the bandwidths of the auditory filters increase
with increasing frequency, and so more spreading may be
applied at higher frequencies.

The gain vectors may be refined by adding the effects of the
estimated masking. The frequency dependent parameter p(w)
determines the level at which the masking estimate is added to
the previously computed gain vector values,

G+ = G () + () Maskingg()
Gh,.£() = G, () + () - Maskingg (@)

Gy c() = Gy () + () - Maskingg, ()

Glpyer() = Gy () + () -Maskingy, (@)

This step can cause the gain vector values to exceed 1.0. In
this example, the maximum gain values are limited to 1.0,
although other limits are possible in other examples,

1.0
G5 -(w);

GYo(w)> 1.0
i) = {

otherwise

Similar operations may be performed for the remaining
gain vectors. These final gain vectors are applied to the input
signal M(w) by the Decompose Processor 33 to produce the
dry signal component 34 and the reverberant signal compo-
nents 35. The dry signal component 34 may be modified by
the Dry Signal Modifier 36 if desired. Modifications may
include, but are not limited to level adjustments, frequency
filtering, and dynamic range processing. The reverberant sig-
nal components 35 may be modified by the Reverberant Sig-
nal Modifier 37. Modifications may include, but are not lim-
ited to level adjustments, frequency filtering, and dynamic
range processing. Neither the Dry Signal Modifier 36 nor the
Reverberant Signal Modifier 37 may change the reverberant
content of the dry signal component 34 or the reverberant
signal components 35.
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s (w) = Modify[S‘(w)]
R} (w) = Modify[R, (w)]

Ry (w) = Modify[Ry ()]
Ri(w) = Modify[Rg ()]

In FIG. 3, the Recompose Processor 38 may combine the
modified (or not) dry signal component estimate §'(w), and
the modified (or not) estimates of the reverberant signal sub-
components R,'(w), R,'(w), . . ., Rg/(w) to produce one or
more reverberation-adjusted frequency spectra 27. Another
operation performed by the Recompose Processor 38 is to
apply a block-based impulse response to a signal X(w) 60 to
produce an output signal Y(w) 61 as depicted in FIG. 7. The
block-based impulse response may consist of either the origi-
nal |H,'(0)1* derived by the Impulse Response Estimator 24,
or a modified version IH,()I? 62. The input signal X(w) to
this process may consist of one or more of §'(w), R,'(w),
R)(w), . . ., R/(w), or a secondary input signal S,(w).
Different versions of |H,'(w)I> may be used for different input
signals. The output signals from this block-based convolution
process may provide additional reverberation-adjusted fre-
quency spectra 27. The Recompose Processor 38 includes a
Source Model 48 and a Perceptual Model 49. In one example,
the Source Model 48 and the Perceptual Model 49 may be
combined with the Source Model 46 and Perceptual Model 47
of the Decompose Processor 33. In another example, the
Models may be separate.

The unprocessed input signal M(w) 25 and the reverbera-
tion-adjusted frequency spectra 27 are provided to the Signal
Modifier 28. The Signal Modifier 28 may produce the final L.
output frequency spectra Z, (w), Z,(w), . . . , Z;(w), which are
converted to the time domain to obtain the desired output
signals z,(t), z,(t), . . ., Z;(t) 32 that are capable of driving
loudspeakers. In one example, the frequency-to-time domain
converter 30 consists of a fast implementation of the Inverse
Discrete Fourier Transform (IDFT) followed by windowing
function 31, such as a root-Hanning window.

For applications where the invention is used to create a
monophonic output signal (i.e., L=1), the Signal Modifier 28
may operate on the reverberation-adjusted spectra 27 to com-
bine them to create a modified version of the input signal with
modified reverberant characteristics.

For applications where the audio signal processing system
10 creates additional audio channels from a monophonic
input signal, the operation of the Signal Modifier 28 includes
operating on the reverberation-adjusted frequency spectra 27
to combine them to create two or more unique output fre-
quency spectra Z,(w), Z,(w), . . ., Z,(w) 29.

In some applications there is no need for the Signal Modi-
fier 28 to modify either the unprocessed input signal M(w) 25
or the reverberation-adjusted frequency spectra 27, and so the
Signal Modifier 28 may simply pass these signals to the final
output frequency spectra Z,(w), Z,(w), . . . , Z,(w).

As previously discussed, the audio signal processing sys-
tem 10 may operate with a suitable block-based estimate of
the impulse response of the reverberant system. The Impulse
Response Estimator 24 may operate on the frequency-domain
representation of the input signal M(w) 25 to produce the
block-based estimates Hy(w), H,(w), . . . , Hg(w) 23 of the
impulse response.

Two factors combine to determine the rate at which a
reverberant input signal M(w) 25 decays (or grows) at a given
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frequency. The first factor is the rate of decay (or growth) of
the dry sound source s(t), and the second is the rate of decay
of the reverberant system. While the rate of decay of the
reverberant system (e.g. a concert hall) at a given frequency
may be relatively constant over time, the rate of decay of the
dry sound source may vary continuously. Using the example
of a singer, the level of the singer’s voice at a given frequency
rises and drops continuously over time. Therefore, the fastest
rate of decay of the input signal M(w) 25 occurs when the dry
sound source s(t) stops at a given frequency, and the decay in
the signal is due to the decay of the reverberant system.

In one example, at a given predetermined frequency, the
best opportunity to estimate |H,(w)I? is when the dry sound
source s(t) 1 has just stopped at the predetermined frequency.
Atthat point what follows is the reverberant component r(t) of
the signal, and the decay of the reverberant system can be
observed. From this information, an estimate |H,(w)I can be
obtained by observing the ratio of the magnitude of the cur-
rent block IM(m)I? to that of a previous block GM,(w)I?, and
estimating the minimum value of this ratio.

[Mo(w)l*
|Mi(w)?

[Mo(w)*
|Mi (@)’

. <l
|Ci(w)|* = i=1,

|I~1; (a))|2 -Bias;(w) + & otherwise

where Bias,(w) is a predetermined value greater than 1.0 and
€ is a predetermined relatively small value. The frequency
dependent parameter Bias(m) may prevent |C(w)*> from
being trapped at an incorrect minimum value, while € may
prevent |C,(w)I* from being trapped at a value of zero. The
minimum of the above ratio corresponds to the fastest rate of
decay of the signal at that frequency, and therefore corre-
sponds to an estimate of |Fl,(w)|* at that frequency. This pro-
cess may be performed at each frequency w for all blocks
[i=1,...,B].

In this example the Source Model 43 may be implemented
as follows,

MaxValue (w), |Ci(w)* > MaxValue;(w) )
i

|C;(w)|2:{ =1,... ,B

|Ci(w))?; otherwise

The parameter Max Value () may prevent |C,(m)|? and thus
IH,(w)I* from exceeding a predetermined value that would
not be expected in real acoustic spaces. MaxValue,(w) can
vary over frequency and across blocks. A temporal smoothing
operation based on the Source Model 46 or 48 may be applied
to provide a more stable estimate of IH,(x)1%.

A, () P=et (), .y (0)P+(1-0 (@) C o)

Where T indicates the current time frame of the process, and
a,(w) is a frequency dependent parameter that controls the
amount of temporal smoothing. a,(w) may also vary over
time and across blocks, and its value may be dependent upon
the current block of the input signal as well as previous blocks
of the input signal.

In this example, smoothing of IF,(w)I? over frequency is
performed as part of the Source Model 43. The amount of
smoothing may be determined by the value of p,(w). p,(w) can
vary over frequency and across blocks.
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1 - fi(w)

| @) = Al + —5

(|Fistw = D" + |t + D)

The final estimates |F1,'(w)I? [i=1, . . ., B], of the block-based
impulse response may be employed to derive the gain vectors
that are used to derive the estimate of the dry signal compo-
nent, as well as the estimates of the reverberant signal com-
ponents.

Inorder to reduce computational and storage requirements,
the Impulse Response Estimator 24 can also consist of an
adaptive parametric model of the frequency-domain repre-
sentation of an impulse response. As one example, the rever-
berant system may be modeled as a simple exponentially
decaying system, where the rate of decay varies with fre-
quency. In this case, one adaptive parameter will account for
the rate at which the exponential system decays. The rate of
decay will be different for different frequencies. Typically, in
an acoustic space, the higher frequencies decay more quickly
than the lower frequencies. Therefore, another parameter may
account for the varying rates of decay across frequencies.
Another parameter may account for the level of the reverber-
ant energy with respect to the energy in the dry signal com-
ponent. The parameters may be adapted over time in order to
obtain the best estimate of the actual impulse response of the
reverberant system. It is also possible for the Impulse
Response Estimator 24 to hold one or more of the parameters
fixed rather than have them be adaptive. In other examples,
other parametric models are possible.

As previously discussed, the audio signal processing sys-
tem 10 can also operate on stereo and multichannel input
signals. When the input signal has more than one channel, the
audio signal processing system 10 can either operate on each
channel independently, or the operations on the channels may
be combined and information regarding a given channel may
be used in the processing of the other channels.

InFIG. 2, the B+1 blocks 15, 16 ofthe impulse response do
not need to be of equal size. For example, it may be desirable
to use shorter blocks to represent the initial part of the impulse
response in order to obtain better temporal resolution for the
early reflection portion 12 of the impulse response.

The B+1 blocks 15 of the impulse response may overlap, or
they may not have any overlap as depicted in FIG. 2. In the
case where the blocks overlap, a window function may be
used to provide a smooth transition from block to block. In
one example, the blocks have a 50% overlap.

In one example the magnitude-squared Ifl*> of the fre-
quency domain representation of the signals and impulse
response may be used in the processing, where f represents
some arbitrary value. In other examples, any other power of
magnitude [fl? can be used. Therefore, with q=2, the magni-
tude of the value of f is raised to the power 2 (i.e. the magni-
tude-squared of f).

For applications where reverberation is being added to a
second input signal s, (t) 40, the Recompose Processor 38
may include a block-based frequency domain FIR filter struc-
ture as depicted in FIG. 7. The filters may consist of modified
estimates of the magnitudes of the impulse response blocks
H,'(0), H,"(w), . .., A;'(»). In one example, the Recompose
Processor 38 filters may be implemented with the Recompose
Processor 38 by applying gain vectors to the input signal.

In one example, the Decompose Processor 33 and the
Recompose Processor 38 operate independently of each
other. In other examples, aspects of the Decompose Processor
33 and the Recompose Processor 38 may be combined.
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The audio signal processing system 10 is configured to
create additional audio channels based on the input signal
M(w) 25. That is, the audio signal processing system 10 is
configured to create V output channels from an input signal
M(w) 25 having U channels, where V>U. Examples of this
include creating a stereo or multichannel signal from a mono-
phonic input signal; creating a multichannel signal from a
stereo input signal; and creating additional channels from a
multichannel input signal. In general, the audio signal pro-
cessing system 10 may provide more output audio channels
than were present in the received input audio channel(s) by
extracting and decomposing the reverberant component of
the input signal into different subcomponents R,(w),
R,(w), . . ., Rg(w) 35, and distributing them to different
output channels. A given subcomponent of the reverberant
signal may be assigned to more than one output channel. The
created channels may also include the estimate of the dry
signal component S(w) 34 and the input signal M(w) 25.

The Decompose Processor 33 may be configured to
employ the block-based estimate of the impulse response
Hy(w), H,(w), ..., H,(w)to operate on the input signal M(w)
25 to derive a perceptually suitable set of reverberant sub-
components. The Recompose Processor 38 may be config-
ured to operate on the estimate of the dry signal S(w) 34 and
the reverberant subcomponents 35 to derive a set of rever-
beration-adjusted frequency spectra 27. In some examples the
Signal Modifier 28 may assign the reverberation-adjusted
frequency spectra directly to the final V output frequency
spectra Z,(w), Z, (), . . . , Z,{w) 29. The final output fre-
quency spectra may be converted to the time domain 30, and
windowed 31 to provide the multichannel audio signal con-
sisting of z,(t), Z,(t), . . . , Z,{t) 32 to drive a set of V loud-
speakers.

In other examples, the Signal Modifier 28 may selectively
combine two or more of the reverberation-adjusted frequency
spectra 27 to create the V output frequency spectra. The
Signal Modifier 28 may also include the unprocessed input
signal M(w) 25 in one or more of the V output frequency
spectra.

FIG. 8 illustrates an example approach to creation of a
five-channel (V=5) output signal from a stereo input signal
(U=2). The Left input signal M, _,(w) 70 may be decomposed
into its direct signal component S, 4(w) and reverberant sig-
nal component RLeﬁ(u)) The Left-channel direct signal com-
ponent S 2o{(®0) may be sent to the Left output channel 72,
while the Left-channel reverberant signal component) RLeﬁ
(w) may be sent to the Left-Surround output channel 75.
Similarly, the Right input signal M, () 71 may be decom-
posed, and the Right-channel direct signal component § Right
(w) may be sent to the Right output channel 73, while the
Right-channel reverberant signal component IN{Right(u)) may
be sent to the Right-Surround output channel 74. The Center
output channel 74 may be made up of some mixture of g;S; .,
(@)+g:5 Rzght(w)+g3 Ry op(@)+2.R g;gp(w) where g, g5, g5 and
g, determine the relative level at which the components are
mixed together. This example is simply one of the virtually
unlimited approaches by which the audio signal processing
system 10 can decompose the input signal to create additional
audio channels.

In one example, the impulse response h(t) may be approxi-
mated by an FIR filter. As a result, the Decompose Processor
33 may employ a block-based infinite impulse response (IIR)
filter structure and the Recompose Processor 36 may employ
a block-based finite impulse response (FIR) structure. Alter-
natively, the impulse response h(t) could be approximated by
an IR filter. In this case, the Decompose Processor 33 may
employ a block-based FIR filter structure similar to that

30

40

45

55

22
shown in FIG. 5 and the Recompose Processor may employ a
block-based IIR filter structure similar to that shown in FIG.
6. The block-based frequency domain processing could there-
fore be given as,

M(0)=S(0)Hy(0)+M(w)zPH (0)+ . . .
(@)

+M(w)zBPH,

and

Mo(w) - (My(@)H (@) + ...
Ho(w)

. Mp(w)H
Sow) = + Mp(w)Hp(w))

where §,(w) is an estimate of the true value of S (w) and FI, ()
is assumed to equal 1. The corresponding block-based esti-
mates Hy(w), H,(w), . . ., A (o) of the impulse response may
be obtained by estimating the minimum values ofthe ratios of
the magnitude of the current block IM,(w)I* to those of pre-
vious blocks IM,(m)I>.

Additional audio channels may be created with the audio
signal processing system 10 in order to alter the perceived
acoustics of a playback room.

FIG. 9 depicts another example of the audio signal process-
ing system 10. For purposes of brevity, the following discus-
sion will focus mainly on those parts of the audio signal
processing system 10 that are different from the previously
described system. Moreover, some of the previously dis-
cussed components are shown in less detail in FIG. 9, but may
still include all of the previously discussed functionality.

During operation, an unprocessed input signal M(w) 25
may be operated upon by the Decompose Processor 33 to
produce estimates of the dry signal component 34 and the
reverberant signal components 35, as previously discussed.
The Dry Signal Modifier 36 and the Reverberant Signal
Modifier 37 may selectively operate on the dry and reverber-
ant signal components, respectively.

In FIG. 9, the audio signal processing system 10 includes a
module comprising instructions stored in memory that is a
Reverb Generator 902. The Reverb Generator 902 may oper-
ate on the dry signal component 34 and the reverberant signal
components 35 to produce one or more reverberation-ad-
justed frequency spectra 27. The signal modifier 28 may
modify and mix frequency components of the reverberation-
adjusted frequency spectra 27 as well as the input signal M(w)
25 to produce one or more output frequency spectra Z,(m),
Z,(w), ..., Z;(w)29. The frequency-to-time domain proces-
sors 30 may produce output frames of time samples z, (1),
Z,(1), . . ., Z;(t) as output signals 32 in response to the output
frequency spectra. These output signals 32 may be provided
to an amplification device, and eventually routed to loud-
speakers distributed within a playback room 903.

The reverberation adjusted frequency spectra 27 may be
generated in order to alter the perceived acoustic character-
istics of the playback room. An example of the perceived
acoustic characteristics is the perceived size, or distance to
boundaries of an acoustic space. In one example, the loud-
speakers may include loudspeakers located above the listener,
such as in the ceiling of the playback room, as well as loud-
speakers located below the elevation of a listener’s ears. One
or more loudspeakers located above the listener may be
driven to alter the perceptual height of the acoustic space by
altering the perceptual distance between the listener and the
sound source. For example, an interior roof of a vehicle may
be perceptual adjusted to be much higher above the head of
passengers in the vehicle by altering the sound output by the
loudspeakers above the listener to be perceived as further
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away. Loudspeakers located below the elevation of'the listen-
er’s ears may be driven to alter a perceptual distance to
bottom, base or ground boundary walls of an acoustic space.
For example, the interior floor of a vehicle may be physically
close to passengers in the vehicle, however audio signals
output by the loudspeakers may be perceptual much further
away from the passengers.

Overhead loudspeakers may be used to simulate an early
reflection of a sound wave due to the ceiling of an acoustic
space. Inan actual acoustic space, such as aroom the level and
time-of-arrival (after the direct sound) of a ceiling reflected
sound wave provides perceptual cues to a listener regarding
the height of the ceiling. In general, a longer delay between
the direct sound and the ceiling reflection indicates a higher
ceiling, while a shorter delay indicates a lower ceiling. The
Reverb Generator 902 may modify a perceived height of a
ceiling of an acoustic space by separately adjusting the delays
of'the early reflections of the reverberation signal component
35 that are routed to overhead loudspeakers prior to combin-
ing the dry audio signal component 34 with the reverberation
signal component 35.

A higher level overhead reflection (with respect to the level
of the direct sound) can generally indicate a lower ceiling,
whereas the level of an overhead reflection due to a higher
ceiling will generally be lower compared to the level of the
direct sound. The Reverb Generator 902 may therefore also
modify a perceived height of the ceiling by adjusting the
levels of early reflections included in the reverberation signal
component 35 that are routed to overhead loudspeakers prior
to combining the dry audio signal component 34 with the
reverberation signal component 35.

Loudspeakers positioned below a listener’s ears may be
used to simulate an early reflection due to the floor of an
acoustic space. In actual acoustic spaces, such as a room, the
level and time-of-arrival (after the direct sound) of a floor
reflection provides perceptual cues to a listener regarding the
height of a sound source above the floor. In general, a longer
delay between the direct sound and the floor reflection indi-
cates that the sound source is higher above the floor, while a
shorter delay indicates that the sound source is closer to the
floor. The Reverb Generator 902 may modify a perceived
height of the sound source by adjusting the delays of early
reflections included in the reverberation signal component 35
that are routed to loudspeakers positioned below a listener’s
ears prior to combining the dry audio signal component 34
with the reverberation signal component 35.

A higher level floor reflection (with respect to the level of
the direct sound) can generally indicate a lower sound source,
for example closer to a floor, whereas the level of a floor
reflection due to a higher sound, for example further from the
floor, will generally be lower compared to the level of the
direct sound. The Reverb Generator 902 may therefore also
modify a perceived height of a sound source by adjusting the
levels of early reflections included in the reverberation signal
component 35 that are routed to loudspeakers positioned
below a listener’s ears prior to combining the dry audio signal
component 34 with the reverberation signal component 35.

Another example perceived acoustic space characteristic is
related to sound reflective properties in an acoustic space. The
Reverb Generator 902 may further reinforce the perceptual
effects of the reflections arriving from overhead and below
the listener’s ears by filtering the reflections included in the
reverberation signal component 35 in order to alter the fre-
quency responses of the combination of the dry signal com-
ponent 34 and the filtered reverberation signal component 35.
This can be done to better mimic what happens in an acoustic
space such as an actual room, where the various surfaces in
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the acoustic space have different frequency-dependent reflec-
tive properties. For example, a carpet does not reflect higher
frequencies as strongly as lower frequencies. The frequency
filtering can operate to simulate this effect.

Yet another example perceived acoustic space characteris-
tic is related to intelligibility. Early reflections arriving from
overhead or below a listener’s ears can help to substantially
improve speech intelligibility as compared to similar early
reflections arriving from the side of the listener. With early
reflections arriving above or below the listener’s ear, the
listener receives substantially similar signals at his two ears.
Therefore, the correlation between the signals at the two ears
is increased. Conversely, early reflections arriving from the
side of the listener tend to reduce the correlation between the
signals at the two ears. In some situations, increased correla-
tion between the signals at the two ears can increase speech
intelligibility.

Another use for both the overhead loudspeakers and the
loudspeakers below the listener’s ears is to provide reverber-
ant energy (reverberant tail) in addition to the reverberant
energy provided by the other loudspeakers. Reverberant
energy arriving from above and below the listener’s ears can
further immerse the listener in a diffuse reverberant sound
field and is another example of an acoustic space character-
istic. This acoustic space characteristic can enhance the lis-
tener’s sense of realism and the increased diffusiveness of the
reverberant sound tends to reduce the perception of the
boundaries of the room. The audio signal processing system
10 can adjust the reverberant energy accordingly to obtain
desired acoustic space characteristics related to a listener’s
sense of realism and increased diffusiveness. Therefore, in a
relatively small acoustic space, such as the passenger cabin of
avehicle, the increased diffusiveness of the reverberant sound
can help to provide the perception that there is sound energy
emanating from beyond the boundaries of the passenger
cabin.

During operation, the Impulse Response Estimator 24 may
form a block-based estimate of the impulse response H(w) 23
based on reverberation in the input signal M(w) 25. In addi-
tion, the Decompose Processor 33 may use the block-based
estimate of the impulse response Fl(w) 23 to decompose the
input signal into the dry signal component 34 and the rever-
berant signal component 35. As previously discussed, as used
herein, the terms “reverberant signal component™ refers to
one or more reverberant signal components. The Reverb Gen-
erator 902 may use the block-based estimate of the impulse
response H(m) 23 to adjust parameters of the Reverb Genera-
tor 902 so that the reverberation created by the Reverb Gen-
erator 902 matches or complements the reverberation com-
ponent found in the input signal M(w) 25.

The audio signal processing system 10 also includes a
module stored in the memory that is a Reverb Info module
904. The Reverb Info module 904 is configured to receive,
store in memory, and retrieve reverb data regarding the rever-
berant system or acoustic space used to create the unproc-
essed input signal m(t) 3. The reverb data received with the
Reverb Info module 904 may be provided separately from the
unprocessed audio input signal m(t) 3. For example, the
reverb data may be stored in a separate database that is
accessed by the Reverb Info module 904 based on radio data
system (RDS data), metadata, or any other uniquely identi-
fying data associated with the audio source information of the
unprocessed input signal m(t) 3. Alternatively, the reverb data
may be provided as header information contained within the
unprocessed audio input signal m(t) 3.

The reverb data received by the Reverb Info module 904
may include information relating to the audio input signal,
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such as the impulse response of the reverberant system in the
source room. In addition, the reverb info may include the
settings of a Reverb Generator used in creating the audio
input signal m(t) 3. Further, the reverb data may consist of
objective acoustical parameters, such as reverberation time
and early-to-late energy ratios. These parameters may vary
with frequency. The acoustical parameters may also include
indicators of room size and room type.

The Reverb Info module 904 may also receive a pre-deter-
mined block-based estimate of the impulse response F(w)
based on the input signal M(w) 25. The block-based estimate
of the impulse response H(m) may be provided by the Reverb
Info module 904 to the Decompose Processor 33 as reverb
information 905. Thus, information from the Reverb Info
module 904 may be provided to the Decompose Processor 33
in addition to, or instead of the information provided from the
Impulse Response Estimator 24. In addition, the Reverb Info
module 904 may provide the block-based estimate of the
impulse response H(m) 23 to the Reverb Generator 902 as the
reverb information 905. The Reverb Generator 902 may use
the block-based estimate of the impulse response F(m) 23 to
adjust its parameters so that the reverberation created by the
Reverb Generator 902 matches or complements the rever-
beration component found in the input signal M(w) 25.
Accordingly, the reverb information 905 may be an alterna-
tive to the information provided by the Impulse Response
Estimator 24.

The audio signal processing system 10 may also include a
module stored in the memory that is a Room Descriptor 906.
The Room Descriptor 906 may include a Target Room
Descriptor 908 and a Playback Room Descriptor 910 stored
in memory. During operation, the Room Descriptor 908 may
provide room descriptor information 912 to the Reverb Gen-
erator 902 regarding one or both of the Target Room Descrip-
tor 908 and the Playback Room Descriptor 910. In other
examples, the Room Descriptor may be omitted.

The Target Room Descriptor 908 may include target data
representing acoustical characteristics of one or more target
rooms. The terms “target room” as used herein refers to
acoustical characteristics of an acoustic space that are syn-
thesized with the audio signal processing system 10 in a
playback room, such that the playback room takes on the
acoustical characteristics of the target room. That s, the audio
signal processing system 10 may use the acoustical charac-
teristics of the target acoustic space(s) to make the playback
room perceptually sound like the target room to a listener
positioned in the playback room listening to loudspeakers
being driven by the processed input audio signal. The Play-
back Room Descriptor 910 may include playback data
regarding the acoustical characteristics of the playback room
where the loudspeakers are operating.

The audio signal processing system 10 may modify the
input audio signal in order for a playback room to take on, or
synthesize, the acoustical characteristics of a target room.
Modification of the input audio signal by the audio signal
processing system 10 is such that “corruption” by the acous-
tical characteristics of the playback room is avoided. The
acoustical characteristics of the playback room could other-
wise be superimposed upon those of the target room since the
sound waves emitted by the loudspeakers in the playback
room are naturally altered by the acoustics of the playback
room.

The audio signal processing system 10 may use the play-
back data of the Playback Room Descriptor 910 to alter the
processing of the Reverb Generator 38 such that the acoustic
affects of the playback room are reduced. Therefore, the
Room Descriptor 906 is configured to alter the target data
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with the playback data to account for the Playback Room
Descriptor 910. The altered target data may be provided to the
Reverb Generator 902 by the Room Descriptor 906 as the
room descriptor information 912.

Thus, the Room Descriptor 906 may selectively choose
target data and modify the target data with playback data
based on the playback room. Selection of the target data and
the playback data may be based on a user selection, the audio
source material, or any other parameter related to playback of
the audio input signal in an acoustic space through loudspeak-
ers. In other examples, the Room Descriptor 906 may select
target data from the Target Room Descriptor 908 and the use
of playback data from the Playback Room Descriptor 910
may be omitted from the room descriptor information 912.

Thetarget data included in the Target Room Descriptor 908
and the playback data included in the Playback Room
Descriptor 910 may include one or more impulse responses
b, ey andh,,;, . ...(t) measured in one or more target rooms
and playback rooms, respectively. The target data and play-
back data may also include frequency domain representations
H,,pedw)and H,,;, .. (o) of impulse responses measured in
the respective rooms. Alternatively, or in addition, the Target
Room Descriptor 908 and the Playback Room Descriptor 910
may include block-based impulse response magnitude esti-
mates IHWget(oo)I2 and Ileayback(oo)I2 of the target room and
the playback room, respectively. Alternatively, either or both
of the Target Room Descriptor 908 and the Playback Room
Descriptor 910 may consist of objective acoustical param-
eters such as reverberation time and early-to-late energy
ratios. These parameters may vary with frequency. The acous-
tical parameters may also include indicators of room size and
room type. The Controller 50 may allow a listener to adjust
the parameters of the Reverb Generator 902 and the Room
Descriptor 906 via the user interface 8 (FIG. 1) in order to
alter the perceived characteristics of the playback room as
desired.

In another example, the Reverb Info module 904 and/or the
Room Descriptor 906 may include pre-determined equaliza-
tion data. The Reverb Generator 902 may use the predeter-
mined equalization data to determine frequency filtering
based on parameters of the Playback Room Descriptor 910
and/or the Target Room Descriptor 908 that are descriptive of
various surfaces in the acoustic spaces having different fre-
quency-dependent reflective properties. For example, a car-
pet does not reflect higher frequencies as strongly as lower
frequencies. Thus, the Reverb Generator 902 may perform
frequency filtering to simulate this effect based on the pre-
determined equalization data provided with the Playback
Room Descriptor 910 and/or the Target Room Descriptor
908.

The Reverb Info module 904 may alternatively or in addi-
tion include predetermined equalization data that instructs the
Reverb Generator 902 to apply specific frequency filtering.
The predetermined equalization data may be applied sepa-
rately and independently to the dry signal component 34 and
the reverberation signal component 35 with the Reverb Gen-
erator 902. Alternatively, the predetermined equalization data
could be provided to the Dry Signal Modifier 36 and the
Reverberant Signal Modifier 37 to separately and indepen-
dently adjust the equalization of the dry signal component 34
and the reverberation signal component 35, respectively.

The Reverb Generator 902 may include the Recompose
Processor 38, operating as previously described. The Reverb
Generator 902 may also include an Artificial Reverberator
914. The Artificial Reverberator 914 may be configured to
perform a convolution based process wherein the input audio
signal is convolved by one or more impulse responses. The
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impulse responses may represent the target acoustical space
that is being modeled. The convolution process may be per-
formed in the time domain with a time domain processor 916
or in the frequency domain with a frequency domain proces-
sor 918.

In one example, the Artificial Reverberator 914 may
include a combination of comb filters, allpass filters, and/or
FIR filters that cooperatively operate to create an artificial
reverberant system. In this case, the Artificial Reverberator
914 operates in the time domain and therefore the dry signal
component 34 and reverberant signal components 35 are first
converted to the time domain with the time domain processor
916. In another example, where the Artificial Reverberator
914 operates in the frequency domain.

The Reverb Generator 902 may operate in a first mode
using the Recompose Processor 38 or a second mode using
the Artificial Reverberator 914 to generate the reverberation-
adjusted frequency spectra 27. In the first mode, where the
Recompose Processor 38 is used, the modified (or not) dry
signal component 34 of the audio input signal may be com-
bined with the modified (or not) reverberant signal compo-
nents 35 of the audio input signal, as previously discussed.
Alternatively, in the second mode where the Artificial Rever-
berator 914 is used, the modified (or not) dry signal compo-
nent 34 of the audio input signal may be combined with an
artificial reverberant signal component generated with the
Artificial Reverberator 914.

Generation of the artificial reverberant signal may be based
on information provided by the Room Descriptor 906. The
information provided from the Room Descriptor 906 may
allow the Reverb Generator 902 to account for the target room
and (if available) the playback room. For example, impulse
responses and/or objective acoustical parameters representa-
tive of the playback room and/or the target room may be
provided from the Room Descriptor 906 as the room descrip-
tor information 912. In addition, or alternatively, generation
of' the artificial reverberant signal with the Reverb Generator
902 may be based on information provided by the Reverb Info
module 904 or information provided by the Impulse
Response Estimator 24. For example, from a block-based
estimate of the impulse response provided from either the
Impulse Response Estimator 24 or the Reverb Info module
904, the Reverb Generator 902 may estimate the reverbera-
tion time (vs frequency). Based on the estimated reverbera-
tion time information, the Artificial Reverberator 914 may
create signals having the estimated reverberation time.

If, onthe other hand, the Reverb Generator 902 is operating
in the first mode employing the Recompose Processor 38, the
Reverb Generator 902 may receive block-based magnitude
estimates of the impulse response FI(w) of the playback room
and/or the target room from the Room Descriptor 906 as the
room descriptor information 912 in order to modify the rever-
berant signal component 35. In addition, or alternatively,
modification of reverberant signal component 35 with the
Reverb Generator 902 may be based on information provided
by the Reverb Info module 904 or, as previously discussed,
information provided by the Impulse Response Estimator 24.
For example, from a block-based estimate of the impulse
response provided from either the Impulse Response Estima-
tor 24 or the Reverb Info module 904, the Reverb Generator
902 may estimate the reverberation time (vs frequency).
Based on the estimated reverberation time information, the
reverberation signal component 35 may be modified to have
similar estimated reverberation time.

Selection of the first mode that uses the modified (or not)
reverberant signal component 35, or the second mode that
uses the artificial reverberant component may be based on a
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number of different selector modes. In a first selector mode,
which is a manual mode, a user input such as a signal from a
button, switch, or screen selection from the user interface 8
(FIG. 1) may instruct the Reverb Generator 902 to combine
the dry source signal with either the modified (or not) rever-
berant signal component 35, or the artificial reverberant com-
ponent.

In a second selector mode that is a pre-selected mode, use
of the modified (or not) reverberant component 35, or the
artificial reverberant component may be based on a selector
setting stored in the memory 7. In a third selector mode, the
instruction to select either the modified (or not) reverberant
component 35, or the artificial reverberant component may be
provided with the audio source material, from the Reverb Info
module 904 the acoustic space in which the audio signal
processing system 10 is operating, such as a vehicle, or any
other external source.

In a fourth selector mode, selection of the modified (or not)
reverberant component 35, or the artificial reverberant com-
ponent may be dynamically performed by the Reverb Gen-
erator 902 based on predetermined conditions. For example,
the Reverb Generator 902 may analyze the target room
descriptor and the estimate of the impulse response of the
input signal provided by the Impulse Response Estimator 24.
If the target room descriptor and the estimated impulse
response are different to a predetermined degree, the Reverb
Generator 902 may select the artificial reverberant compo-
nent. In another example, the Reverb Generator 902 may
analyze and compare parameters such as reverberation time v.
frequency and/or early-to-late energy ratio v. frequency from
the estimated impulse response and an impulse response in
the Reverb Info module 904 or the Room Descriptor 906 in
order to make the selection.

In FIG. 9, in an alternative example, the Decompose Pro-
cessor 33 may be bypassed and the input signal M(w) 25 may
be provided directly to the Reverb Generator 902. In this
example, reverberation added by the Reverb Generator 902 in
either mode 1 or mode 2 will be combined with the existing
reverberation in the input signal M(w) 25. Such added rever-
beration may be developed with the Reverb Generator 902
from the modified (or not) reverberation component 35 of the
input signal M(w) 25, or from artificial reverberation gener-
ated with the Artificial Reverberator 914.

FIG. 10 is another example of the audio signal processing
system 10. In this example, illustration of audio input signal
is omitted for purposes of the following discussion. In FIG.
10, the audio signal processing system 10 is configured to
improve speech intelligibility in an acoustic space, and/or to
modify or alter the perceived acoustics of an acoustic space.
For purposes of brevity, the following discussion will focus
mainly on those parts of the audio signal processing system
10 that are different from the previously described systems.
Moreover, some of the previously discussed modules and
components are shown in less detail, or are omitted from FIG.
10, however the example audio signal processor 10 of FIG. 10
may still include all of the previously discussed functionality.

In FIG. 10, an acoustic space is identified as a source/
playback room 1002. The source/playback room 1002 is both
a source room and a playback room since an audio input
signal originates in the source/playback room 1002 and is
output as sound waves by loudspeakers into the source/play-
back room 1002 using the audio signal processing system 10.
The Source/Playback Room 1002 may be any acoustical
space, such as a room, an area, a vehicle interior, or any other
space in which audio source material may be generated and
played back through loudspeakers.
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The audio signal processing system 10 may include mod-
ules stored as instructions in memory of the frequency-to-
time domain processors 30, windowing function 31, the sig-
nal modifier 28, the Reverb Generator 902, and the Room
Descriptor 906. In addition, the audio signal processing sys-
tem 10 includes modules stored as instructions in memory of
a Microphone Processor 1004 and a Signal Conditioner 1006.

During operation, sounds created within the Source/Play-
back Room 1002 may be captured as audio source material by
one or more microphones 3 distributed within the Source/
Playback Room 1002. The microphone signal(s) may be
received as microphone input signal(s) 1008, or audio signal
input(s), to the Microphone Processor 1004. The Microphone
Processor 1004 may pre-process the microphone input sig-
nals to perform level adjustments, mixing, and equalization of
the microphone input signals. Pre-processing of the micro-
phone input signals may be performed with the Microphone
Processor 1004 based on predetermined settings stored in
memory, user adjustable settings, or automatically adjustable
setting that are determined based on the received microphone
inputs. The automatically adjustable settings may be auto-
matically adjusted based on sensors identifying the number of
people in an acoustic space and their locations, such as seat
sensors in a vehicle, temperature sensors, or any other sensing
device The automatically adjustable settings may include
sound processing with the Microphone Processor 1004 to
minimize feedback or howling in the audio signal processing
system 10.

The pre-processed microphone signal inputs are output
from the Microphone Processor 1004 as pre-processed
microphone signal(s) 1010 and received as inputs to the Sig-
nal Conditioner 1006. In FIG. 10, the pre-processed micro-
phone signal (s) 1010 are converted from the time domain to
the frequency domain with the windowing function 21 and
the time-to-frequency domain processor 22, as previously
discussed. In other examples, the Signal Conditioner 1006
may operate in the time domain and no conversion is needed.

The Signal Conditioner 1006 may include modules that
include the Decompose Processor 33 configured to decom-
pose the microphone input signal into dry and reverberant
signal components, the Impulse Response Estimator 24 con-
figured to generate an estimated impulse response for the
source/playback room 1002, and a Noise Reducer 1014. A
block-based estimate of the frequency domain representation
of the impulse response of the Source/playback Room 1002
may be derived by the Impulse Response Estimator 24, as
previously discussed, from the microphone input signals. The
block-based estimate of the frequency domain representation
of'the impulse response of the microphone input signals may
be provided to the Decompose Processor 33 and the Reverb
Generator 902 as a microphone signal estimated impulse
response 1012.

The Decompose Processor 33 may receive and further
process the pre-processed microphone signals 1010 to
decompose the signal(s) into a dry signal component and a
reverberant signal component as previously discussed. The
dry signal component may also be modified by the Dry Signal
Modifier 36 (FIG. 9), and the reverberant signal component
may be modified by the Reverberant Signal Modifier 37 (FIG.
9) as previously discussed. The dry signal component may be
provided to Noise Reducer 1014 as a dry microphone input
signal component 1016, and a reverberant microphone input
signal 1018 component may be provided to the Reverb Gen-
erator 902.

The Noise Reducer 1014 may be configured to reduce any
noise that may be present in the dry microphone input signal
component 1016. Reduction in noise may include reducing

5

10

20

25

30

35

40

45

50

55

60

65

30

any background noise in the Source/playback Room 1002
that may be captured by the microphones. The Noise Reducer
1014 may be configured with a noise reduction process based
on spectral subtraction methods, or any other noise reduction
techniques or mechanisms. In the example of FIG. 10 the
Noise Reducer 1014 is illustrated as following after the
Decompose Processor 33. In other examples, the Noise
Reducer 1014 may precede the Decompose Processor 33
and/or be associated with individual microphones in the
Source/playback Room 1002.

The noise reduced modified (or not) dry signal component
of the microphone input signal(s) may be provided to the
Reverb Generator 902 as a noise reduced dry microphone
input signal(s) component 1020. If the Reverb Generator 902
operates in the frequency domain, and the noise reduced dry
signal is in the time domain, the Reverb Generator 902 may
directly receive and process the noise reduced dry micro-
phone input signal(s) component 1020. Alternatively, if the
Reverb Generator 902 operates in the time domain, where the
noise reduced dry microphone input signal(s) component
1020 is in the frequency domain, the signal may be converted
to the time domain with, for example, the frequency-to-time
domain processors 30 and windowing function 31, such as a
Hanning window. The Reverb Generator 902 may combine
the noise reduced dry microphone input signal(s) component
1020 with either the modified (or not) reverberant component
in the first mode, or the artificial reverberant component in the
second mode, as previously discussed, to produce as outputs
one or more reverberation-adjusted frequency spectra 27. In
addition, the Reverb Generator 902 may operate in one of the
selector modes to determine whether to operate in the first
mode or the second mode. However, if the Reverb Info mod-
ule 904 (FIG. 9) does not include information related to the
Source/playback Room 1002, selector modes that involve the
Reverb Info would be unavailable. The reverberation-ad-
justed frequency spectra 27 may be routed through ampli-
fier(s) to loudspeakers in the Source/playback Room 1002.

The Room Descriptor 906 may provide playback room and
target room descriptor information to the Reverb Generator
902 as previously discussed. The Reverb Generator 902 may
use the microphone signal estimated impulse response 1012
provided by the Impulse Response Estimator 24 to adaptively
alter operation of the audio signal processing system 10 such
that the modified acoustical characteristics of the Source/
playback Room 1002 may substantially match the acoustical
characteristics provided by the Room Descriptor 906. More
specifically, the Room Descriptor 906 may provide the
Reverb Generator 902 with information regarding the desired
acoustical characteristics of the modified Source/playback
Room 1002. The block-based estimate of the impulse
response provided by the Impulse Response Estimator 24
reflects the actual acoustical characteristics of the modified
Source/playback Room 1002. Therefore, the Reverb Genera-
tor 902 may adapt its parameters until the actual acoustical
characteristics of the modified Source/playback Room 1002
substantially match the desired acoustical characteristics pro-
vided by the Room Descriptor 906.

Based on the level and characteristics of the microphone
inputs, the audio signal processing system 10 may dynami-
cally and almost continuously adjust the reverberation-ad-
justed frequency spectra 27 to adapt to changing conditions in
the Source/playback Room 1002. Accordingly, noise levels,
number of listeners, listener positions and other variables
within the Source/playback Room 1002 may be reflected in
the reverberation-adjusted frequency spectra 27. In addition,
the reverberation-adjusted frequency spectra 27 may be
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adjusted to provide any of a number of desired perceptual
effects for listeners in the Source/Playback room 1002.

In one example, the reverberation-adjusted frequency
spectra 27 may provide modified acoustical characteristics of
a passenger cabin in a vehicle to improve speech intelligibil-
ity. In this example, noise sources such as engine noise, road
noise, air conditioner fan noise, open windows, music or any
other noise source can compromise speech intelligibility. The
audio signal processing system 10 may add/modify the rever-
beration component to add early reflections to speech signals
captured with the microphone audio signal 1008 without
significantly increasing a noise level within the passenger
cabin. In addition, the audio signal processing system 10 may
adaptively adjust the reverberation component based on
changing levels and characteristics of background noise. Fur-
ther, positions of the listeners within the passenger cabin may
be obtained from sensors, such as seat occupancy sensors, to
increase speech intelligibility in the obtained seat positions.
For example, the reverberation-adjusted frequency spectra 27
may be adjusted and routed to loudspeakers that are advan-
tageously positioned proximate the obtained speech posi-
tions. In addition, seat position in combination with the loca-
tion of the talkers and the listeners may be considered. For
example, speech by a talker in a rear seat in the passenger
cabin may be more intelligible for a front seat passenger,
whereas speech by a talker in a front seat may be less intelli-
gible for a rear seat passenger. Also, vehicle parameters such
as vehicle speed, vibration or any other vehicle related param-
eter(s) may be used as inputs to the audio signal processing
system 10 to further improve speech intelligibility based on
changing conditions in the passenger cabin.

In another example, a small room may be given the acous-
tical characteristics of a large room, or a large room may be
given the acoustical characteristics of a small room. For
example, musicians often practice in small rehearsal rooms or
sound isolation booths. The audio signal processing system
10 may alter the acoustical characteristics of such small
rooms to simulate or synthesize a much larger room similar to
one the musicians will eventually perform in. In another
example, a small concert hall or venue with poor acoustical
characteristics may be enhanced with the audio signal pro-
cessing system 10. In still another example, in the context of
a meeting of only a few individuals in a large acoustic space,
the acoustical characteristics of the large acoustic space may
be modified with the audio signal processing system 10 to
provide a perception of relatively small acoustic space.

The reverberation-adjusted frequency spectra 27 may be
routed and amplified before being sent to loudspeakers dis-
tributed within the Source/playback Room 1002. The loud-
speakers may include loudspeakers located above the listener
as well as loudspeakers located below the listener’s ears.
Accordingly, the audio signal processing system 10 may pro-
vide a perception of height beyond the height of an acoustic
space, and a perception of distance beyond the boundary of an
acoustic space, as previously discussed.

FIG. 11 is another example of the audio signal processing
system 10. In this example, the audio signal processing sys-
tem 10 may receive an input audio signal m(t) 3 similar to the
example of FIG. 9, and receive a microphone input signal
similar to the example of FIG. 10. For purposes of brevity, the
following discussion will focus mainly on those parts of the
audio signal processing system 10 that are different from the
previously described systems. Moreover, some of the previ-
ously discussed components are shown in less detail or are
omitted from FIG. 11, however, the audio signal processing
system 10 of FIG. 11 may still include all of the previously
discussed functionality.
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Similar to FIG. 10, the Source/playback Room 1002 may
act as both the Source room and the Playback room. The
Reverb Generator 902 may be set based on predetermined
acoustic characteristics of a desired acoustic space to process
either a modified (or not) reverberation component or an
artificial reverberation component. In one example, param-
eters of the Reverb Generator 902 may be set based on the
characteristics of reverberation found in the input audio sig-
nal M(w) 25. In this example, the audio signal processing
system 10 may enable the Source/playback Room 1002 to
take on the acoustical characteristics of the reverberation
found in the input signal M(w) 25. As aresult, sounds created
within the Source/playback Room 1002 may take on the
characteristics of the reverberation found in the input signal
M(w) 25. In a second example, the Source/playback Room
1002 may take on the acoustic characteristics provided with
the Room Descriptor 906. In a third example, the Source/
playback Room 1002 may take on the acoustic characteristics
provided with the Reverb Info module 904.

Other modifications of the Source/playback Room 1002
may be performed with a processed audio signal such as the
processed audio input signal or the processed microphone
input signal. In one example, speech intelligibility may be
improved with the processed microphone input signal. In
another example, the Reverb Generator 902 may simulta-
neously provide audio input signal processing and micro-
phone input signal processing to both modify the Source/
playback Room 1004 and improve speech intelligibility of
talkers and listeners present in the Source/playback Room
1004.

In FIG. 11, the audio signal processing system 10 includes
the modules of the time-to-frequency domain processors 22
the frequency-to-time domain processors 30, the windowing
functions 21 and 31, the signal modifier 28, the Reverb Gen-
erator 902, the Reverb Info module 904, the Room Descriptor
906, the Microphone Processor 1004, the Signal Conditioner
1006. In addition, the audio signal processing system 10
includes a first Impulse Response Estimator 1102, a second
Impulse Response Estimator 1104, a first Decompose Pro-
cessor 1106 and a second Decompose Processor 1108. The
first Impulse Response Estimator 1102 and the first Decom-
pose Processor 1106 are configured to operate with the input
signal M(w) 25, and the second Impulse Response Estimator
1104 and the second Decompose Processor 1108 are config-
ured to operate with one or more microphone input signals.

The first Decompose Processor 1106 may decompose the
input audio signal M(w) into a first dry signal component 34
and a first reverberation signal component 35 similar to the
Decompose Processor 33 of FIG. 9. The first dry component
signal 34 may be provided to the Signal Modifier 28. In
addition, the first reverberation signal component 35 may be
provided to the Reverb Generator 902. As in previous
example, the dry signal component 34 and the reverberant
signal component 35 may be modified with the Dry Signal
Modifier 36 (FIG. 9), and the Reverberant Signal Modifier 37
(FI1G. 9), respectively.

The second Decompose Processor 1108 may decompose
the pre-processed microphone signal(s) into a second dry
component and a second reverberation component similar to
the Decompose Processor 33 of FIG. 10 and provide the
second dry signal component as a second dry signal compo-
nent signal 1016 to the Noise Reducer 1014 and the second
reverberant component to the Reverb Generator 902 as a
second reverberation signal component signal 1018. The
noise reduced modified (or not) second dry signal component
may be provided to the Reverb Generator 902 as the noise
reduced dry microphone input signal(s) component 1020.
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The first Impulse Response Estimator 1102 may derive a
first block-based estimate of a first impulse response H(w)
from the input signal M(w). The first block-based estimate of
the first impulse response is provided to the Reverb Generator
902 as a first impulse response estimate signal 1112. The
second Impulse Response Estimator 1104 is configured to
operate within the Signal Conditioner 1006 and provide a
second block-based estimate of a second impulse response
H(w) derived from the microphone input signal(s). The sec-
ond block-based estimate of the second impulse response is
provided to the Reverb Generator 902 as a second impulse
estimate signal 1114.

Operation of the audio signal processing system 10 to
enable the Source/playback Room 1002 to take on the acous-
tical characteristics of a desired acoustic space, such as the
reverberation found in the input signal M(w) 25, may be
accomplished in a number of different modify modes. Selec-
tion of one of the modify modes may be based on a manual
user selection with the user interface 8 (FIG. 1) or an auto-
matic selection by the audio signal processing system 10.
Automatic selection may be based on, for example, the exist-
ence of an audio input signal m(t) 3, recognition via the
microphone input signal(s) that speech is occurring in the
Source/playback Room 1002, or automatically based on
automated evaluation of the Source/playback Room 1002,
existence of the microphone input signals 1008, the type of
audio input signal m(t) 3 being detected as predominately
speech or music, changes or fluctuations in impulse response
of'the microphone input signals 1008 indicative of instability,
or any other detected or sensed parameters that would dictate
operation in a particular modify mode.

In a first modify mode of operation, the Reverb Generator
902 may ignore the second block-based estimate of the sec-
ond impulse response and operate similar to the Reverb Gen-
erator 902 described with reference to FIG. 9 to generate the
reverberation-adjusted frequency spectra 27. In a second
modify mode of operation, the Reverb Generator 902 may
ignore the first block-based estimate of the impulse response
and operate similar to the Reverb Generator 902 described
with reference to FIG. 9 to generate the reverberation-ad-
justed frequency spectra 27.

In a third modify mode of operation, the Reverb Generator
902 may be configured to adapt its parameters to generate a
third block-based impulse response from which a third rever-
beration component is determined and used to generate the
reverberation-adjusted frequency spectra 27. Using the sec-
ond block-based estimate derived from the microphone input
signal(s) as a feedback indication, the Reverb Generator 902
may continue to adjust the third block-based impulse
response, thereby adjusting the third reverberation compo-
nent until the second block-based estimate from the second
Impulse Response Estimator 1104 substantially matches a
target indication, such as the first block-based estimate
derived by the first Impulse Response Estimator 1102 from
the input signal M(w).

During operation in the third modify mode, the Reverb
Generator 902 may at first generate the third block-based
impulse response to substantially match the target, such as the
first block-based estimate, and produce the reverberation-
adjusted frequency spectra 27 based on the third reverbera-
tion component. As the audio signal processing system 10
operates, the third block based impulse may be adjusted away
from the target as needed to substantially match the second
block-based estimate to the target, and the third reverberation
component may correspondingly change, resulting in
changes to the reverberation-adjusted frequency spectra 27.
As the reverberation-adjusted frequency spectra 27 changes,

20

25

40

45

50

55

34

the second block-based estimate may correspondingly
change. In this way the acoustical characteristics of the modi-
fied room may be dynamically and automatically optimally
matched with the acoustical characteristics of the target, such
as the input signal M(n), such that as the audio source mate-
rial, the Source/playback Room 1002 or any other parameters
change, the reverberation-adjusted frequency spectra 27 is
adjusted to maintain optimal matching of the target based on
the feedback indication.

In other examples of the third modify mode of operation,
instead of the reverberation found in the input signal M(w) 25
as the target, the second block-based estimate may be sub-
stantially matched to information from another target such as
a target from the Room Descriptor 906 or the Reverb Info
module 904. In still other examples with the third modify
mode of operation, parameters such as the reverb time v.
frequency or the early-to-late energy ratio v. frequency may
be compared and matched to a target using a feedback indi-
cation.

In a fourth example of the third modify mode of operation,
a user of the audio signal processing system 10 may be pro-
vided with a control mechanism in the user interface 8 (FIG.
1), such as a control knob to adjust the third block based
impulse. In this example the user may be provided with some
form of user interface, such as a graphical display indicating
the similarity of a target, such as the first block-based estimate
and a feedback indication, such as the second block-based
estimate. As the user adjusts the third block-based impulse,
changes in similarity of the target and feedback indication,
such as the impulse responses, may be indicated. Accord-
ingly, the user may manually adjust the third block-based
impulse until the feedback indication substantially matches
the target.

In addition to enabling the Source/playback Room 1002 to
take on the acoustical characteristics of a desired target acous-
tic space by providing the reverberation-adjusted frequency
spectra 27, in one example, the audio signal processing sys-
tem 10 may also dynamically perform automatic equaliza-
tion. The automatic equalization may modify the equalization
curve (EQ) of the modified room response to substantially
match a target EQ curve of a target acoustic space. Thus, the
EQ curve may be part of the modified acoustical characteris-
tics of the acoustic space and an EQ curve adjusted and
reverberation-adjusted frequency spectra 27 may be pro-
vided. For example, the EQ curve of the dry signal component
of'the modified room response may be substantially matched
to a target EQ curve of the dry signal component of the target
room response. In addition, the EQ curve of the reverberation
signal component that is combined with the dry signal com-
ponent may be adapted to substantially match a target EQ
curve of the reverberant portion of the target room response.
The EQ curves of the dry signal component and the reverber-
ant signal component of the target acoustic space could be
provided with the Reverb Info module 904, or the Room
Descriptor 906 as previously discussed.

For simplicity of presentation, FIG. 10 and FIG. 11 depict
the case where the Microphone Processor 1004 provides a
monophonic signal at its output. The figures also depict the
case where the Reverb Generator 906 provides a monophonic
signal at its output. In other examples, the Microphone Pro-
cessor 1004 can provide a plurality of signals at its output. In
addition, the number of microphone output signals does not
have to be equal to the number of microphones. Instead, the
number of microphone output signals can be less than or
greater than the number of microphones. Further, the Reverb
Generator 902 can provide a plurality of signals at its output,
and the number of output signals does not have to be equal to
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the number of signals at the input to the Reverb Generator
902. Instead, the number of output signals of the Reverb
Generator 902 can be less than or greater than the number of
input signals.

FIG. 12 is a process flow diagram illustrating example
operation of the audio processing system with reference to
FIGS. 1-11. At block 1202, an audio signal is received. The
audio signal may be an input audio signal received from a
source room. As previously discussed, the audio signal may
be an input audio signal m(t) 3 or a microphone input signal
1008. At block 1204, it is determined whether the received
audio signal will be used to generate a block-based estimated
impulseresponse. [fyes, at block 1206, the Impulse Response
Estimator 24 generates a block-based estimated impulse
response. If the audio signal is not used, at block 1208, the
Reverb Info module 904 may retrieve reverb data. At block
1210, the audio signal may be decomposed with a decompose
processor module 33 or 1106 or 1108 into a dry audio signal
component 34 and a reverberant audio signal component 35
based on either the reverb data or the block based estimate
generated with the Impulse Response Estimator 24.

It is determined if the dry audio signal component 34 or the
reverberant signal audio component 35 should be modified at
block 1212. If yes, at block 1214, the dry audio signal com-
ponent 34 and/or the reverberant audio signal component 35
are modified. As previously discussed, modification of the
dry audio signal component 34 and/or the reverberant audio
signal component 35 may occur independently, and may
include equalization, level adjustments, frequency filtering,
and dynamic range processing. The operation then proceeds
to block 1216 to determine if a block-based estimated
impulse response from the Impulse Response Estimator 24 is
to be used to adjust parameters of the Reverb Generator 902
so the reverberation created with the Reverb Generator 902
matches a desired reverberation, such as the input audio sig-
nal. If there is no modification at block 1212, the operation
similarly proceeds to block 1216.

Ifit is determined at block 1216 that the block-based esti-
mated impulse response from the Impulse Response Estima-
tor 24 should be used, at block 1218 parameters of the Reverb
Generator 902 are adjusted, as previously discussed. At block
1220 it is determined if the Room Descriptor module 906
should be used to adjust the parameters of the Reverb Gen-
erator 902.

If at block 1216 it is determined that the block-based esti-
mated impulse response from the Impulse Response Estima-
tor 24 should not be used, the Reverb Info module 904 may
retrieve the reverb information at block 1222. At block 1224,
the parameters of the Reverb Generator 902 are adjusted
based on the retrieved reverb information and the operation
continues to block 1220 in FIG. 13.

In FIG. 13, if it is determined at block 1220 that the Room
Descriptor module 906 should be used, at block 1228, the
Reverb Generator 902 may account for the room descriptor
information in processing the reverberation signal compo-
nent 35 atblock 1228. At block 1230, it is determined if target
data included in the Target Room Descriptor module 908
should be modified with playback data from the Playback
Room descriptor module 910. If'yes, at block 1232, the target
data is modified with the playback data. At block 1234 it is
determined which mode the Reverb Generator will operate in.
Ifatblock 1220, it is determined not to use the Room Descrip-
tor module 906, the operation proceeds to block 1234. Simi-
larly, if the Playback Room descriptor is not available or not
used at block 1230, the operation proceeds to block 1234.

At block 1234, if the Reverb Generator 902 is operated in
the first mode, the recompose processor 38 is used at block
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1236. At block 1238, the recompose processor 38 combines
the modified (or not) dry signal component 34 with the modi-
fied (or not) reverberation signal component 35. The rever-
beration-adjusted frequency spectra that includes the combi-
nation of the modified (or not) dry signal component 34 and
the modified (or not) reverberation signal component 35 is
produced at block 1240.

Ifatblock 1234 the Reverb Generator 902 is operated in the
second mode, the artificial reverberator 914 generates the
artificial reverberation component at block 1244. At block
1246 the artificial reverberator 914 combines the modified (or
not) dry signal component 34 with the artificial reverberation
component. At block 1240, the reverberation-adjusted fre-
quency spectra that includes the combination of the modified
(or not) dry signal component 34 and the artificial reverbera-
tion component is produced. At block 1242, the reverbera-
tion-adjusted frequency spectra may be processed, amplified
and routed to loudspeakers to drive loudspeakers in an acous-
tic space.

The reverberation-adjusted frequency spectra may modify
the acoustic characteristics of the acoustic space as previously
discussed. Audio sound output by the loudspeakers in the
acoustic space may be received by microphones in the acous-
tic space and provided as microphone input signals into a
microphone processor module 1004. The operations illus-
trated in FIGS. 12 and 13 with the exception of blocks 1220,
1228, 1230 and 1232 may then be repeated to decompose the
microphone input signals into a dry signal component and a
reverberation signal component.

While various embodiments of the invention have been
described, it will be apparent to those of ordinary skill in the
art that many more embodiments and implementations are
possible within the scope of the invention. Accordingly, the
invention is not to be restricted except in light of the attached
claims and their equivalents.

I claim:

1. An audio signal processing system for modifying an
acoustic space with audio source content, the audio signal
processing system comprising:

a processor;

a memory in communication with the processor; the
memory configured to store a plurality of modules
executable by the processor, the modules comprising:
areverberation generator module configured to adjust an

early reflection of an audio signal to modify a user
perceived height of a ceiling of a listening space;

a signal modification module configured to create a
multi-channel output signal based on the adjusted
audio signal, the multi-channel output signal com-
prising a first channel output signal configured to
drive a first loudspeaker positioned in a listening
space above a listener, and a second channel output
signal configured to drive a second loudspeaker posi-
tioned in the listening space below an elevation of a
listener’s ears.

2. The audio signal processing system of claim 1, where the
early reflection is a plurality of early reflections, and the
reverberation generation module is configured to separately
adjust levels of the plurality of early reflections of the first
channel output to modify the user perceived height of the
ceiling of the listening space.

3. The audio signal processing system of claim 2, where the
reverberation generation module is configured to separately
adjust delays of the plurality of early reflections of the first
channel output to modify the user perceived height of the
ceiling of the listening space.
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4. The audio signal processing system of claim 1, where the
reverberation generation module is configured to separately
adjust levels and delays of the plurality of early reflections of
the second channel output to modify a user perceived height
of a sound source above a floor of the listening space.

5. The audio signal processing system of claim 1, where the
first channel output signal includes a dry signal component
and a reverberation signal component, and the delay and level
of the early reflection of the reverberation component are
adjusted.

6. The audio signal processing system of claim 1, where the
audio signal includes a dry signal component and a reverbera-
tion signal component, and the delay of the early reflection is
adjusted in an estimate of the reverberation component,
which is then combined with an estimate of the dry signal
component.

7. The audio signal processing system of claim 6, where the
adjusted estimate of the reverberation component is provided
on at least one of the first channel output signal or the second
channel output signal.

8. A method of modifying an acoustic space with audio
source content, comprising:

processing an audio input signal, the audio input signal

including a dry component and a reverberant compo-
nent;

adjusting a level and a delay of an early reflection of only

the reverberant component of the audio input signal to
modify a listener perceived height of a ceiling of a lis-
tening space; and

outputting an adjusted audio output signal to drive a loud-

speaker positioned above a listening position in the lis-
tening space, the adjusted audio output signal including
at least a portion of the adjusted reverberant component
and the dry component.

9. The method of claim 8, where the loudspeaker is a first
loudspeaker, and the method further comprises outputting the
adjusted audio input signal to also drive a second loudspeaker
positioned below an elevation of a listener’s ear in the listen-
ing space.

10. The method of claim 8, further comprising decompos-
ing the audio signal into the dry component and the reverber-
ant component using a calculated estimate of an impulse
response of a space in which the audio signal was captured.

11. The method of claim 8, where adjusting a level and a
delay of an early reflection of only the reverberant component
of the audio signal further comprises altering a listener per-
ceived distance of the loudspeaker from the listener.

12. The method of claim 8, where outputting an adjusted
audio output signal to drive a loudspeaker positioned above a
listening position in the listening space comprises simulating
an early reflection of a sound wave due to the ceiling of the
listening space using the adjusted audio output signal.

13. The method of claim 8, further comprising receiving a
microphone input signal and further adjusting at least one of
the level or the delay of the early reflection of only the rever-
berant component of the audio signal based on the micro-
phone input signal to further modify the listener perceived
height of the ceiling of the listening space to substantially
match a target listening space that is different than the listen-
ing space.

14. The method of claim 8, where the loudspeaker is posi-
tion proximate an interior roof of a vehicle, and adjusting the
level and the delay of an early reflection of only the reverber-
ant component of the audio input signal comprises perceptu-
ally adjusting a height of the interior roof of the vehicle by
driving the loudspeaker.
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15. A non-transitory computer readable storage medium
that stores instructions executable by a processor to modify an
acoustic space with audio source content, the non-transitory
computer readable storage medium comprising:

instructions executable by the processor to process an

audio signal having a dry component and a reverberant
component;
instructions executable by the processor to calculate an
estimate of the dry component and an estimate of the
reverberant component from the audio signal;

instructions executable by the processor to separately
adjust early reflections of the estimated reverberant
component to adjust a listener perceived height of a
listening space, the early reflections separately adjusted
based on a target listening space;

instructions executable by the processor to generate output

frequency spectra based on the adjusted reverberant
component and the dry component; and

instructions executable by the processor to generate an

audio output channel from the frequency spectra, the
audio output channel configured to drive a loudspeaker
positioned above the listening space.

16. The non-transitory computer readable storage medium
of’claim 15, further comprising instructions executable by the
processor to separately adjust the early reflections by separate
adjustment of delays applied to the early reflections.

17. The non-transitory computer readable storage medium
of’claim 15, further comprising instructions executable by the
processor to separately adjust the early reflections by separate
adjustment of levels of the early reflections.

18. The non-transitory computer readable storage medium
of’claim 15, further comprising instructions executable by the
processor to separately adjust the early reflections by separate
filtering of the early reflections to alter a frequency response
of'a combination of the dry signal component and the filtered
reverberant signal component.

19. The non-transitory computer readable storage medium
of claim 15, where the audio output channel is a first audio
output channel and the loudspeaker is a first loudspeaker, the
computer readable storage medium further comprising:

instructions executable by the processor to adjust early

reflections of the estimated reverberant component to
adjust a listener perceived distance to a floor of the
listening space; and

instructions executable by the processor to generate a sec-

ond audio output channel from the frequency spectra,
the second audio output channel configured to drive a
second loudspeaker positioned in the listening space at
an elevation below a listener’s ears.

20. The non-transitory computer readable storage medium
of’claim 19, further comprising instructions executable by the
processor to adjust the early reflections of the estimated rever-
berant component separately based on the target listening
space.

21. The non-transitory computer readable storage medium
of'claim 20, further comprising instructions executable by the
processor to separately adjust the early reflections of the
estimated reverberant component by separate adjustment of
at least one of levels or delays of the early reflections of the
estimated reverberant component.

22. The non-transitory computer readable storage medium
of’claim 19, further comprising instructions executable by the
processor to add a diffuse exponentially decaying system to
the first audio signal and the second audio signal to reduce
user perceived boundaries of the listening space.
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